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RICHARD L. BURGESS, 1913-1953 


It is with a feeling of considerable loss that the passing of Richard L. Burgess 
on June 2, 1953, is here recorded. Dick Burgess was an active member of the audio 
industry, and at the time of his death he was serving as the West Coast Vice President 
of the Audio Engineering Society. 


Dick Burgess was born in Grand Junction, Colorado, on June 28, 1913. Prior 
to entering the Navy in 1932, he attended Grand Junction Junior College. While 
serving in the Navy he became the West Coast diving champion; he completed his 

Navy tour in 1936. In 1938 he became a member of Radio Recorders Inc., which he 
left in 1941 in order to serve with the Navy again. He served first as a Chief Petty 
Officer, but was later promoted to Chief Electronics Officer in Fleet Service Schools. 


After World War II, in 1945, he rejoined Radio Recorders, as a recording en- 
gineer. He later joined the Allied Research and Engineering Company as vice presi- 
dent, a position which he held until his death. 


It was while serving with Allied Research that he developed a unique method for 
the manufacture of wave guide tubing for radar use by an electroplating technique. 
This method enabled a considerable saving of time and money for the Armed Forces 
and permits more efficient transmission of high-frequency current. 


In addition to his membership in the Audio Engineering Society, Dick was a 
member of the Sapphire Club and the Woodland Hills Country Club. 


He is survived by his wife, Amie L. Burgess, and his son Byron, age 11. He was 
a resident of Sherman Oaks, California. 
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Structure and Performance of Magnetic Transducer Heads* 


Orto Korne1 
Clevite-Brush Development Company, Cleveland, Ohio 


The paper reviews the influence of structural features upon the performance of magnetic ring 
heads. After a brief discussion of some recording problems in general and a comparison of different 
methods, the geometric and magnetic significance of certain parts of a ring head structure is ex- 
plained, including the gap effect and contour effect. Additional aspects regarding the selection of 
core materials and structural details in accordance with the presented thoughts are then illustrated 
by the description of construction and performance of a commercially produced magnetic transducer 


head. 


INTRODUCTION 
LL RECORDING methods are based on the same 
fundamental principle: the localized alteration of some 
characteristic property of the recording medium, with the 
alteration controlled in accordance with the phenomenon 
to be recorded. 

In disc recording, for instance, the physical shape of the 
recording medium is altered; in photographic recording it 
is the optical transmission; and in magnetic recording it is 
the magnetization of the medium. 

The basic construction of the tool which can carry out 
such alterations is primarily determined by the particular 
recording method; additional requirements, however, such 
as degree of resolution, fidelity, power consumption, and 
stability, will dictate the details of the structure. 

Once a recording has been made, another tool is needed 
to reconvert the alterations of the recording medium into a 
form which can be more readily detected by the human 
senses. Both the recording and the reproducing tools are 


*This paper was presented at the Audio Fair—Los Angeles, 
February 5-7, 1953. 
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usually given the generic name of transducers. 

Certain aspects of transducers are of special interest, 
either because they are common to all of them or because 
they form characteristic distinctions between them. There 
is, for instance, the important property of resolving power, 
in other words, the shortest wavelength which can be 
handled. It is helpful to bear in mind that it is always 
the same basic cause which imposes a limitation upon the 
resolving power—and this is the physical dimension of the 
exploring means, regardless of whether it is the size of 
a stylus tip or the effective width of a light beam or of a 
magnetic gap. 

Another interesting aspect is the comparison between the 
principles underlying the recording and reproducing devices 
of each recording method. 

In the case of photographic recording, for example, there 
is the light modulator versus the photocell pickup—two cer- 
tainly most dissimilar devices; in disc recording we find the 
record cutter versus the phonograph pickup—two somewhat 
related but structurally still quite different devices. In 
magnetic recording, finally, there is the recording head versus 
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Fic. 1. Types and features of magnetic transducer heads. 


the playback head—two structures which are, normally, so 
completely reversible in their functions that either one can 
take the place of the other. This fact is of great practical 
significance and is utilized in the majority of all magnetic 
recording instruments; it is, actually, one of the major 
reasons for the unique position of magnetic recording. 


‘DIFFERENT TYPES OF HEADS 


Some of the more specific questions related to magnetic 
heads may now be considered in greater detail. Because of 
the close similarity of the problems encountered in recording 
and reproducing heads, both can be discussed together, with 
just a few distinctions to be pointed out whenever required. 

In keeping with the previous statement of the problem, a 
magnetic recording head must be capable of impressing upon 
the recording medium a localized magnetization, variable in 
accordance with the information to be recorded. This prob- 
lem suggests a number of possible approaches, and most of 
these have actually been used in the construction of heads, 
at one time or another. 

Figure 1 shows, in a schematic manner, the various ways 
in which the basic requirements of magnetic heads have been 
met. The common feature of all of them is, of course, a 
magnet winding which serves to impress the magnetization 
upon the recording medium. In order to localize this impres- 
sion, a number of structural arrangements are possible to 
define the gap in the head. This gap can be looked upon 
as the narrow gateway of the magnetic structure through 
which either the recording flux leaves or the reproducing 
flux enters. Depending upon the dominant direction of 
magnetization produced in the recording medium, we dis- 
tinguish between so-called perpendicular and longitudinal 
recording. 

The boundary displacement recording has been included 
in this figure merely to bring the listing up to date; the 
method is intended for and advantageous in specialized 
applications only, and its detailed discussion exceeds the 
scope of this paper.’ It is of interest, however, that the 
recording and the reproducing heads used for boundary 


1H. L. Daniels, Boundary Displacement Magnetic Recording, 
Electronics, 25, 116-120 (April, 1952). 


recording are the only ones which are not readily reversible 
in their functions. 

Of all the head structures ever used in magnetic recording, 
there is one which has gained such preference that it is now 
used in virtually all magnetic recording equipment. This 
structure is the well-known ring head which is characterized 
by a magnetic path substantially closed, except for a very 
short break in it, forming the all-important transducer gap. 
The ring head was first proposed and used in Germany, at 
the beginning of the 1930s.” 


GENERAL FEATURES OF THE RING HEAD 


The ring head owes its dominant position to the combina- 
tion of three important features: first, its low magnetic 
leakage which results in high efficiency and reduced sensi- 
tivity to extraneous magnetic disturbances; second, the 
possibility of forming a physically well-defined gap of very 
short length; and last, but not least, the advantages of its 
mechanical configuration which permits a most convenient 
and yet effective engagement with the recording medium. 

It is not difficult to appraise, at least qualitatively, the 
influence of various important parameters upon the perform- 
ance of a magnetic ring head. 

The left side of Fig. 2 shows the basic magnetic struc- 
ture of such a head and the manner in which it usually con- 
tacts the recording medium, for instance, a magnetic tape. 
In practice, of course, the structure need not be circular, 
nor does it have to be of uniform cross section throughout; 
however, it will in most cases be actually composed of at 
least two sections, as shown, to facilitate production. The 
letters R with the different suffixes denote the magnetic re- 
luctances of the individual portions of the magnetic circuit, 
including the recording medium. 

In the center and the right-hand side of the figure are 


’ pee longa pir, 
Rers Re Reve = MEDIUM Rr eRer 
Cth eg © 
; HEAD RCS Re 
OR a. 
Ke 
RECORDING REPRODUCING 
SCHEMATIC 
OF STRUCTURE ELECTRICAL EQUIVALENT 
= MAGNETIC RELUCTANCE OF CORE 
Ro - Re ee id “ “ « GAPS 
ee a -. * " “ LEAKAGE PATH 
_ ee Pare “ “ "MEDIUM 
SS aa " " " oo BETWEEN 
MEDIUM & HEAD 


Fig. 2. Magnetic circuit, and its electrical equivalents, of a ring 
head. 

2 E. Schueller, Magnetische Schallaufzeichnung, Electrotech. Z., 56, 
1219 (1935). 
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shown the equivalent electrical circuits of the head, for the 
recording as well as for the reproducing function. Even 
without actual computation, the discussion of these circuits 
usually appears to be somewhat easier than the evaluation 
of the head structure itself. 


It can be seen that the recording case is distinguished from 
the reproducing case only through the location and the 
nature of the generator of the magnetomotive force. In the 
former, this generator is represented by the two halves of 
the head winding; in the latter, by the tape element bridging 
the head gap. 


In both the recording and the reproducing head the 
designer endeavors, of course, to utilize the available mag- 
netomotive force as economically as possible. This means 
that a minimum of ampere turns in the recording head should 
create the required magnetization in the recording medium; 
in playback, conversely, the magnetized section of the 
medium should drive a maximum flux through that section 
of the head which is surrounded by the winding. These 
considerations lead to three basic requirements for both 
the recording and the reproducing heads: The core reluct- 
ance should be low, which calls for the use of material of 
high permeability; the shunt reluctance across the working 
gap should be high, which means a small area of the con- 
fronting faces forming the gap; the leakage reluctance, also, 
should be high, which requirement can be attained best with 
an annular structure and evenly distributed winding. 


For economical and manufacturing reasons, however, cer- 
tain compromises always have to be made. The shape of 
the core, for instance, will usually deviate from the ideal 
annular form, and the winding, instead of being evenly 
distributed, will have to be lumped in one or two coils. Also, 
the area of the confronting faces at the gap region, that is, 
their radial extension, must be given a reasonable size to take 
care of the unavoidable head wear.* The permeability of the 
core will be limited, regardless of the material, by both the 
operating gap and the additional gap, or gaps, in the core 
structure. This means that, depending upon the reluctance 
of these gaps, the inherent permeability of the core material 
will be effectively reduced to a lower value. It should be 
mentioned, though, that this limitation has also its merits, 
because it makes the magnetic requirements for the core 
material somewhat less critical. There is another beneficial 
aspect to the second gap: If this and the transducer gap 
are made magnetically identical and placed so that they 
divide the head structure into two symmetrical halves, the 
head will become insensitive to any extraneous magnetic 
field which is homogeneous within the head dimensions. This 
desirable feature is commonly called “hum bucking.” 


30. Kornei, Trends and Developments in Magnetic Recording 
Heads, Brush Strokes, The Brush Development Company, Cleveland, 
Ohio, March, 1952. 


OTTO KORNEI 


THE GEOMETRY OF THE RING HEAD 


We may now turn to a discussion of the effects which are 
governed by the geometry of the magnetic head. 

First of all, there is the length of the transducer gap, 
which determines, in most cases, the head performance more 
than any other single factor. It should be understood, how- 
ever, that this dominant significance actually applies only 
to the reproducing head. In the recording head the gap 
length is relatively unimportant, since the recording process 
takes place only at the trailing edge of the gap. It is, there- 
fore, the definition of this edge rather than the gap length 
which is of primary importance in the recording head. 

In the reproducing or playback process, on the other hand, 
it is the length of the gap which determines the magneto- 
motive force tapped off the recording medium and pushing 
the flux through the head structure. From this recognition 
one important fact can be concluded: When the gap length 
of the reproducing head equals the recorded wavelength, the 
two gap edges will be riding on points of equal magnetic 
potential and no net magnetomotive force exists between 
them. Therefore, no flux can be pushed through the head 
structure, and there will be no output at all. The same 
condition, of course, will also exist whenever the gap length 
is an integral multiple of the wavelength. The function 
which correlates the playback loss with the wavelength can 
be expressed by a simple formula which is noted and graphi- 
cally represented in the upper half of Fig. 3.4% 

This curve shows the loss caused by the finite gap length 
as a function of the dimensionless ratio of effective gap length 
to recorded wavelength (which ratio is proportional, for a 
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4, (EFFECTIVE GAP LENGTH /WAVE LENGTH) 
Fic. 3. Response of an ideal playback head with gap length 6. 
Upper curve: output loss caused by gap effect. Lower curve: out- 
put of head including above loss. 


4S. J. Begun, Magnetic Recording, pp. 82-88, Murray Hill Books, 
New York, 1949. 


5J. G. Frayne and H. Wolfe, Elements of Sound Recording, pp. 


593-595, John Wiley and Sons, New York, 1949. 
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given speed, to the reproduced frequency). The concept of 
the “effective” gap length will be explained later. 

As a matter of general interest, it should be remembered 
that the gap loss function is determined by purely geometric 
conditions only. Its validity, therefore, is in no way re- 
stricted to magnetic recording, and it applies, for instance, 
to the photoelectric reproduction of a photographic record 
as well. 

Another simple consideration shows that, in an ideal mag- 
netic reproducing system, the playback voltage must in- 
crease linearly with the frequency (or be inversely pro- 
portional to the recorded wavelength). This is indicated 
in Fig. 3 by the straight dashed line rising at a slope of 6 db 
per octave. The stipulated “ideal” system would be one 
with a recording medium of vanishingly small thickness and 
a coercivity approaching infinity, which has been recorded 
upon in such manner that the peak magnetization is constant 
throughout the whole wavelength range. This fictitious 
recording medium would, further, make perfect contact with 
an entirely loss-free playback head having an infinitely short 
transducer gap. Obviously, such a system does not exist 
in reality. Its basic concept, however, is of value for the 
better understanding of various phenomena and as an ulti- 
mate target—though one which can never be reached 

When the theoretical gap loss (upper curve in Fig. 3) is 
deducted from the straight-line playback characteristic, the 
bottom curve of Fig. 3 is obtained. This curve, although 
still highly idealized, approaches actual conditions already 
much closer, at least qualitatively. It shows the always ob- 
served straight portion in the long wavelength range, rising 
at 6 db per octave, the turnover at some intermediate wave- 
length, and the null-points wherever the exploring gap length 
equals an integral multiple of the recorded wavelength. 

In reality, response curves look rather similar to the de- 
scribed one except for a much lower turnover point and 
rapidly decreasing maxima of the lobes between successive 
null-points. These effects are caused by the many losses, 
in addition to the gap loss, which a real system shows over 
those of the previously described fictitious one. A detailed 
discussion of these phenomena does not belong here; it may 
be mentioned, however, that the real turnover usually occurs 
at a gap-to-wavelength ratio of about 0.1 instead of the 0.5 
shown in Fig. 3 (compare also the experimental curve of 
Fig. 8). 

Another effect governed by the geometry of the playback 
head and closely related to the gap effect can be described 
as follows. The external field emanating from the recording 
medium enters the playback head not only at the regions 
immediately adjacent to the gap but all over the head sur- 
face. So long as the recorded wavelengths are small com- 
pared with the head dimensions, the magnetic fluxes gener- 


6 ©. Kornei, Frequency Response of Magnetic Recording, Electronics, 
20, 124-128 (August, 1947). 
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ated in the head structure by these fields will statistically 
cancel. However, when the recorded wavelength becomes § 
of the same magnitude as the head dimension, a resulting 
net flux will be set up in the structure with corresponding | 
voltages generated in the head winding. The whole process 
is, in principle, the same as the normal signal pickup by 
the playback head, except that now the whole head structure, 
or some prominent part of it, acts as the somewhat long 
and ill-defined “gap.” The effect manifests itself, therefore, 
only in the long wavelength range, and since it is governed 
by the external shape and size of the head it may be called 
the “contour effect.” 

Although a close relative of the gap effect, the contour 
effect is of much less practical significance. Whenever it 
does become important, however, it may turn into a real 
nuisance which is hard to overcome. Means for reducing the 
contour effect are to avoid discontinuities in the shape of the 
head and to keep its size as large as feasible. This latter, 
it will be recalled, is in direct contrast to the previously 
mentioned desirability of small head dimensions to minimize 
hum pickup; it is another situation which calls for a com- 
promise to suit given operating conditions. 

It should be noted that the contour effect is the result of 
the vector summation of the playback voltages generated 
from pickup through the gap of the head as well as through 
different portions of its surface. This mechanism offers 
another possibility of reducing the contour effect by pro- 
viding the pole faces of the head with a shape which is 
strongly asymmetrical with respect to the transducer gap; 
this usually results in a substantial cancellation of the volt- 
ages which are otherwise responsible for the contour effect. 
Very similar considerations are also the reason why the 
contour effect is not so readily predictable as the gap effect. 
An added complication in this respect is the fact that the 
approach of the recording medium from and to the head 
(wrap angle) also has a pronounced influence upon the 
contour effect. This is so because it influences the magnetic 
coupling between the head structure and the medium. 

Figure 4 shows an example of the contour effect and the 
gap effect, both plotted from actual measurements on a 
commercial recording/reproducing head. It can be seen that 
the undulations of the contour effect, shown in the left-hand 
curve of the figure, start—and are most pronounced—at 
about 20 cps, then decay rapidly and have practically dis- 
appeared at about 100 cps. The frequency near 20 cps 
corresponds, in accordance with the previous explanations, 
to the first “null-point” of the contour effect in this par- 
ticular case. 

The gap effect, shown in the right-hand curve of the figure, 
is a very useful and convenient means for determining the 
so-called effective gap length which governs the resolving 
power of a head. The effective gap length is that one which 
is practically usable or actually operative; it is always some- 
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Fic. 4. The influence of the head geometry upon performance. 
Left curve: contour effect (intentionally much enhanced by operat- 
ing with wrap angle larger than normal). Right curve: effect of 
gap length, showing first null-point. All data measured with BK- 
1090 head, at 7%4-ips tape speed. 


what greater than the physical gap length built into the 
head by means of an appropriate spacer or shim. The reason 
for this phenomenon lies partly in the always present, though 
only microscopic, physical rounding of the gap edges and 
partly in eddy current and saturation effects which also tend 
to blur the edges, thereby making the gap effectively wider. 
In Fig. 4, the first null-point of the response occurs at 
27,000 cps; since the speed of the recording medium was 
7% ips, the effective gap length of this head is shown to be 
about 0.00028 in. This compares with a measured shim 
thickness of 0.00025 in. 


CORE MATERIALS 


Turning from the general design problems to those of 
actual construction of magnetic heads, one is first confronted 
with the question of selecting a suitable material for the 
magnetic core. 

The primary concern here is the combination of suitable 
magnetic and physical properties. The requirements for 
recording and playback head cores differ somewhat. High 
permeability, for instance, is of primary interest in playback 
heads, whereas high saturation is desirable for recording and 
also for erase heads. Low core losses, including hysteresis, 
eddy current, and residual losses, although especially im- 
portant in playback heads, are desirable in either case and 
are becoming more important with the ever-extending move 
into regions of higher frequencies. In order to arrive at a 
more economical solution, the same core material is, never- 
theless, quite generally used for all types of head. This 
compromise is usually permissible, especially if one lets 
the requirements of the more critical reproducing head de- 
termine the properties of the core material. 

The high-percentage nickel alloys, such as Permalloy and 
its modifications and Mumetal, are now almost universally 
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used as core materials for magnetic heads. In order to get 
the full benefit of their magnetic properties, these materials 
must be carefully annealed. It is important that this be 
done after all major strain-producing operations, such as 
punching or bending, have been completed. 

The eddy current losses, which are by far the dominant 
core losses in magnetic heads, are reduced, in the conven- 
tional manner, by using laminations as thin as economically 
feasible. These are usually cemented into stacks of the 
desired height, with the laminations insulated from each 
other. The lamination thickness now used in practical struc- 
tures ranges, in most cases, between 0.005 and 0.015 in. In 
some special applications in which cost is of minor import- 
ance, laminations even as thin as 0.001 in. have been used. 

However, with the steadily increasing demand for the 
recording of frequencies approaching, and reaching into, the 
megacycle range, even laminated core structures start to fail 
because of increasing eddy current losses. In a search for 
substantially nonconductive and magnetically still acceptable 
materials which would minimize such losses the family of the 
ferrites has recently appeared in the picture. 

Ferrites are complex oxides of iron and certain bivalent 
metals such as copper, nickel, manganese, and zinc.? When 
properly compounded and fired under the correct conditions, 
they form hard, ceramic-like substances with magnetic 
properties somewhat approaching those of conventional soft 
magnetic materials. The electrical conductivity of ferrites 
can be as low as one-billionth that of metals. It is this fact 
which accounts for the extreme reduction of eddy current 
losses; it also helps to maintain their permeability at fre- 
quencies at which the permeability of metals drops to un- 
usably low values. 

Although the magnetic properties of ferrites at lower fre- 
quencies are definitely inferior to those of most magnetic 
metals, ferrites are finding ever-increasing applications in 
magnetic heads and similar devices for high frequencies. 
For certain other applications, when the physical wear of 
magnetic heads presents a major problem, ferrite cores also 
hold promise because of their great hardness.® 

One serious shortcoming of ferrites, on the other hand, is 
their brittleness and their granular structure. These proper- 
ties prevent the preparation of well-defined, sharp edges, so 
necessary for the formation of short head gaps. This de- 
ficiency is the reason why, so far, the field of ferrite core 
heads has been restricted to applications where high resolu- 
tion is not required, despite the fact that very high fre- 
quencies are handled. The most frequent example for such 
a case is the recording of short pulses in memory devices, 
especially when the heads are used out of contact with the 


7 J. L. Snoek, Nonmetallic Magnetic Materials for High Frequencies, 
Philips Tech. Rev., 8, 353-360 (1946). 


8R. Herr, Mixed Ferrites for Recording Heads, Electronics, 24, 
124-125 (April, 1951). 
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Fie. 5. The parts which compose the magnetic structure of a 
BK-1090 head. Right, the two identical core sections, complete and 
ready for assembly. Left, the assembled core structure. 


recording medium. Ferrite heads with a resolution com- 
parable to good metal core heads are, therefore, still a prob- 
lem. More recent work however, seems to indicate that 
these difficulties will soon be overcome, 


THE CONSTRUCTION OF RING HEADS 


After material and design of the head core have been de- 
cided upon, there are still other points which have to be 
carefully considered in the actual construction of a mag- 
netic head to endow it with a performance of consistent 
quality. : 

There is, first of all, the problem of accurately forming the 
confronting faces and their edges which define the trans- 
ducer gap of a head. With the now mostly used gap length 
of a fraction of a thousandth of an inch, it becomes obvious 
that these faces must be finished with extreme precision. 
This calls for grinding or lapping operations similar to those 
used in the optical industry. 

After the gap faces have been formed, great care must be 
exercised that they confront each other in perfect parallel 
relationship with only the gap spacer to determine their 
distance; this means that only those mounting forces which 
are perpendicular upon the faces should act upon the core 
sections. 

Once the basic head structure is assembled, one has to 


Fic. 6. Complete BK-1090 head. 
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Fig. 7. Microphotograph of the gap region of a BK-1090 head. 
(The individual laminations are 0.006 in. thick, the shim 0.00025 
in.) 


make sure that all parts remain in their predetermined posi- 
tions, affected as little as possible by mechanical vibration, 
aging, temperature changes, and atmospheric influences. 
This goal can be reached by properly designed mechanical 
holding means, which may include complete embedment of 
the structure in plastic material. 
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BIAS CURRENT, MILLIAMPERES 
Fic. 9. Output vs bias current curves for a BK-1090 head. Re- 
cording current, 0.06 ma; bias frequency, 60 ke; signal frequency, 
parameter; tape speed, 7% ips. 


An example of a commercial magnetic transducer head, 
which was designed and constructed essentially in accordance 
with the thoughts presented above, may now be briefly de- 
scribed. 

Figure 5 shows the parts which constitute the ring struc- 
ture proper. It can be seen that there are two symmetrical, 
roughly C-shaped core sections, each of which consists of a 
stack of cemented molybdenum Permalloy laminations, 0.006 
in. thick. The tips of each stack are lapped flat and coplanar 
in order to form, in the assembled structure, the two pairs 
of confronting faces which determine the transducer gap 
and back gap. 

The straight portion of each of the core sections carries 
one-half of the total winding of the finished head. Figure 5 
also illustrates how the completed core sections are assembled 
into the final core structure by two arcuate spring clips. The 
force exerted by these clips is such that it acts only at right 
angle to the confronting tip faces. Before the spring clips 
are put in place, small pieces of the required shim material 
are inserted between either one or both pairs of the con- 
fronting tip faces. The particular model described here has 
a shim of 0.00025-in. thickness to form the transducer gap 
and no shim, i.e., a butt joint, in the back. 

The assembled core structure has all the essential features 
of a magnetic transducer head, but it lacks rigidity and 
mounting facilities. Therefore, in order to obtain greatest 
physical stability in the final product, combined with the 
most effective protection against atmospheric influences, 
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Fic. 10. Remaining signal vs erase current (or ampere turns) of 
a BK-1110 erase head. Head inductance, approximately 50 mh, 


the core subassembly was embedded in a special casting 
resin, inside a Mumetal housing, as shown in Fig. 6. The 
highly polished pole faces are flush with the surrounding 
resin, thus providing an effective support for the recording 
tape. 

Figure 7 is a microphotograph of a portion of the pole 
face of such a head, showing the definition of the transducer 
gap. An idea of the actual dimensions may be had by re- 
membering that each of the individual laminations is 0.006 
in. thick. 

The final three figures illustrate some of the more import- 
ant characteristics of the described type of head. 

Figure 8 shows the output vs frequency response. It will 
be noted that the frequency of 15,000 cps, corresponding 
to a recorded wavelength of only 0.0005 in., is still safely 
within the practically useful range, proving the high resolv- 
ing power of the head. 

Figure 9 shows a family of output vs bias current curves, 
which are illustrative of a wide variety of operating condi- 
tions. 3 

The final figure, Fig. 10, gives the effectiveness of erasure 
as a function of current for an erase head very similar to the 
described structure. An erase head, although strictly not a 
transducer head, is its important and almost always present 
companion. The curves and the caption prove that the per- 
formance of an erase head, too, gains from proper design 
considerations. 
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New High-Grade Condenser Microphones* 


F. W. O. Baucn 


JULY 1953, VOLUME 1, NUMBER 3 


I. CONSIDERATIONS LEADING TO THE DESIGN OF 


RECENT NEUMANN TYPES 


AN ESSENTIAL part of all conventional microphones is 

the diaphragm, which responds by vibration to periodical 
forces in the surrounding field of sound. The transforma- 
tion of the diaphragm movements into electrical energy can 
be achieved by various principles, the most important, as 
far as modern broadcasting and recording studio technique 
are concerned, being the electromagnetic and the capacitive. 
Moving-coil and ribbon microphones represent the first, 
condenser microphones the second. 

The moving-coil microphone, mainly used for speech or 
outside broadcasts, is always made as a pure sound pressure 
receiver ; i.e., it responds to periodical variations of air pres- 
sure under the influence of a field of sound. Sound pressure 
is of scalar magnitude; therefore pressure microphones have 
an omnidirectional sensitivity, actually a spherical character- 
istic with equal emf output, which can conveniently be 
expressed as a sectional plan in the form of a circle with the 
diaphragm vertically in its center. Ribbon and condenser 
microphones can be made to follow the same polar diagram 
pattern, but more often they are built to act as receivers 
with decidedly directional characteristics, either in the form 
of a figure of eight or of a cardioid (heart-shaped) polar 
response. Ribbon microphones incorporating such character- 
istics are widely used in this country, and it can be assumed 
that the principles of their response to sound pressure and/ 
or sound pressure gradient (also referred to as pressure dif- 
ference and velocity) are well known. But it may not be 
so widely known how cardioid characteristics were achieved 
with condenser microphones. 

In principle, a condenser microphone consists of a more 
or less tightly stretched metal foil (diaphragm) in front of 
and electrically insulated from a fixed flat metal electrode, 
thus forming a condenser. A polarizing voltage connected 
via a high-value resistor completes the system. The change 
of capacitance consequent upon movement of the diaphragm 
produces an alternating voltage across the load resistor. 

As early as 1935, von Braunmiihl and Weber" described 
methods designed to modify the hitherto purely pressure- 
type condenser microphone into a pressure-gradient type 
with directional characteristics of the figure-of-eight and the 
cardioid types. 


* Reprinted with permission from Wireless World, February, 1953. 
lyon Braunmiihl and Weber, Hochfrequenztechnik u. Elektroa- 
Rustik, 46, 187-192 (1935). 
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Fie. 1. Condenser microphone with perforated fixed electrode. 


Braunmuhl and Weber Principle 


The normally solidly built fixed electrode which prevented 
the excitation of the diaphragm by sound waves from its back 
is replaced by a similar electrode with a number of perfora- 
tions in the form of small round holes (Fig. 1). Both sides 
of the diaphragm are now exposed to the field of sound, and 
the driving force is now changed from one-sided sound pres- 
sure to the sound pressure difference between front and back 
of the diaphragm. Accordingly, the maximum sensitivity 
will be perpendicular to both surfaces of the diaphragm, de- 
creasing towards side excitation with the cosine of the angle 
of incidence. The relationship is expressed: e = V eo? cos? a, 
where éy is the sensitivity at maximum excitation and a is the 
angle incidence. 

The magnitude of the effective pressure gradient depends 
on the wavelength of the sound and on the physical size of 
the microphone, actually on the distance from the middle of 
the diaphragm in front to the middle of the back, via the 
edge of the microphone capsule. 

There is also the possibility of producing a completely 
symmetrical microphone by adding another similarly shaped 
perforated electrode on the as yet unoccupied side of the 
diaphragm. There need not be any electrical connection 
to this second electrode, but if used it should be connected 
in push-pull, as shown in Fig. 2, in order to relieve the 
diaphragm of electrostatic attraction and to take advantage 
of the increased sensitivity, which is doubled. 


Cardioid Characteristic 


It was known at the time how to combine two microphones 
with omnidirectional and figure-of-eight characteristics into a 
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Fig. 2. Symmetrical push-pull action is obtained with two per- 
forated fixed electrodes. 


Fic. 3. Construction of a cardioid by the addition of circular 
and figure-of-eight characteristics. 


single sound receiver with a polar diagram of cardioid shape.* 
Such combinations are used in modern ribbon-type micro- 
phones, where one half of the ribbon acts as a pressure- 
gradient receiver, while the other half, backed by a specially 
designed sound chamber, works as a pressure receiver. 
Figure 3 shows the construction of a cardioid by combining 
circular and figure-of-eight polar diagrams. It is essential, 
however, that the sensitivity of both halves of the ribbon 
should be equal for their respective characteristics; i.e., the 
circle must exactly enclose the figure of eight. Simple addi- 
tion and subtraction of all vectors, taking into account their 
respective directions, shows the ideal cardioid, with its 
mathematical expression: e = é9 (1 + cosx). The cardioid 
characteristic can be provided by the condenser microphone 
principle by fixing two equal diaphragms to both sides of a 
perforated fixed middle electrode which, moreover, is also 


2 J. Weinberger, H. F. Olson, and F. Massa, J. Acoust. Soc. Amer., 
5, 139 (1933). 
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supplied with a number of cavities on both sides (Fig. 4). 
The flexibility of both diaphragms is such that their initial 
stiffness need not be taken into consideration when compared 
with other existing resistances, and the great stiffness of the 
air inside the perforations can be regarded as a very tight 
coupling between the two diaphragms, one of which is 
electrically ineffective. 

The mechanical operation under the influence of sound 
can be explained in the following way. The sound pressure 
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Fic. 4. Diametral section of cardioid-type condenser microphone. 
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Fig. 5. Equivalent forces acting on the cardioid microphone for 
various directions of the source of sound. Full arrows, forces orig- 
inating from sound pressure; broken arrows, forces originating 
from pressure gradient. 
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Fic. 6. Neumann eardioid condenser microphone capsule, type 
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Fig. 7. Neumann type M49 condenser microphone with continu- 
ously adjustable directional characteristics. 


is a force which tends to move the two diaphragms toward 
each other against the compression of the enclosed air pocket. 
At the same time, the pressure gradient tries to move the 
enclosed air pocket to and fro by exciting the two diaphragms 
in co-phase movements and to force the enclosed stiff air 
through the holes from one side to the other. The resulting 
movement can be seen in the much-simplified drawing of 
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Fig. 5a, in which the approach of the sound comes from the | 
left. The two forces add on the left and on the electrically | 
effective diaphragm (thick line) and cancel each other on the 
right-hand side of the capsule with the electrically ineffective 
second diaphragm (thin line). Figure 5b shows the sound 
approach from the side, with the pressure component alone 
having an effect. Figure 5c has the sound approach from 
the back, i.e., toward the electrically inactive diaphragm, and 
shows the two forces on the right-hand diaphragm opposed 
to each other. It must be emphasized that this explanation 
is much simplified for the sake of showing the principle in 
great clearness. Figure 6 shows a more modern version of 
the Braunmiihl-Weber cardioid capsule. 


Recent Developments 


Microphones are the first link in the chain of apparatus 
necessary for the distribution of sound impressions. Any 
deficiency here cannot easily be improved in later links. 
The sound engineer must therefore have microphones at his 
disposal which are able to convey a favorable sound picture 
and which can cope with the various difficulties in compli- 
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Fic. 8. Simplified section of Neumann type M49 microphone 
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Fig. 9, Electrical connections of Neumann type M49 microphone. 
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Fig. 10. Principal polar characteristics of Neumann type M49 microphone. 
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Fig. 11. Polar diagrams of Neumann type M49 microphone for intermediate settings of the potentiometer (frequency 1,000 eps). 


cated musical assemblies. Modern microphones, further- 
more, must answer to very high demands in frequency re- 
sponse, linearity, and freedom from noise—and the number 
of types should be limited to very few. 


Twenty years of continuous experience with condenser 
microphones in German broadcasting and the application of 
modern ideas in the technique led to the development of two 
new microphone types with a number of very interesting 
properties.® 

The demand for a choice of directional microphones could 
be fulfilled with the creation of a single novel pressure- 
gradient type of microphone with adjustable characteristics. 
This microphone (Neumann type M49) provides the possi- 
bility of changing its directional sensitivity at will and con- 
tinuously by remote control, and it possesses an extremely 
flat frequency response which is widely maintained over its 
three main characteristics. Any section of a concerted musi- 
cal performance can be picked out with objective truthful- 
ness, and the result is also satisfactory where the direct sound 
outweighs the indirect, ie., when receiving from a relatively 
short distance, where a flat response becomes of particular 
importance. 


8H. Grosskopf, FTZ, p. 398 (September, 1951); Techn. Hausmitt. 
des NWDR, 3, 172 (1951). 


Large philharmonic orchestras, and other widely spread 
sources of sound, force the receiving single microphone to a 
much greater distance from the source of sound, into the 
practically diffused field of sound. At this great distance, 
pressure-gradient microphones do not produce a really satis- 
factory quality, and the reproduction is of an exaggerated 
hollowness. 

Good results, on the other hand, were always achieved 
with omnidirectional microphones which become directional 
with increasing frequency. This progressive change from an 
omnidirectional to a directional characteristic goes auto- 
matically hand in hand with a rising sensitivity to frontal 
sound waves. But the directional effect must also not be 
too pronounced in order to give a good reception of large 
sound sources, and it must be equally good for all frequencies. 

These reflections led to the development of a pressure-type 
microphone (Neumann type M50) with gradually rising 
frequency response (+-5 db at 15 kc), going directional at 
the same time with a still very wide characteristic at the 
highest frequencies. 

These microphones, M49 and MSO, developed in collabora- 
tion with the Acoustics Laboratory of the Nordwestdeutsche 
Rundfunk, seem to satisfy all demands in sound broadcast- 
ing, and the range of necessary microphones for any purpose 
could be limited to the two types only. 
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Fig. 12. Frequency-response curves of Neumann type M49 
microphone with the control set for each of the principal polar 
characteristics. 


Adjustable Directional Characteristics 


The principle of the Neumann type M49 microphone (Fig. 
7) is a combination of two equal cardioid condenser systems 
with their maximum sensitivity in opposite directions. Fig- 
ure 8 gives a simplified version of the construction. Both 
systems work into a common single-stage amplifier, the front 
one being energized by a constant voltage, while the other 
receives its voltage via a potentiometer, the setting of which 
determines the directional characteristic of the combination. 
Figure 9 shows the connections, with the slider in the middle, 
giving a cardioid characteristic. As the slider is moved to 
the right, the cardioid changes gradually to the omnidirec- 
tional characteristic, with the same voltage applied to both 
systems; as it is moved to the left, the diagram changes into 
a figure of eight, with reversed voltage. Normally, the 
potentiometer is housed in the mains (power-supply) unit, 
which will be described later. 

Figure 10 shows polar diagrams of the three principal 
directional characteristics at selected frequencies. Figure 11 
shows what happens to the characteristic at intermediate 
settings of the potentiometer. The frequency response 
curves for each of the three characteristics are shown in Fig. 
12. Other relevant electrical characteristics are as follows: 
frequency response, 40—15,000 cps; output impedance, 200 
ohms; sensitivity, approximately 0.7 mv/microbar (dyne/ 
cm”); overall noise, <2 wv (<22 phon). 

As will be seen in Fig. 13, the microphone capsule is 
flexibly mounted on the top of a Perspex cover, which houses 
all essential parts of the single-stage amplifier. Cover, 
amplifier, and base plate can be easily detached for servicing. 

The relatively small capacitance (75-80 py»f) makes it 
essential to build microphone and amplifier close together. 
The amplifier has an extremely high input resistance (150 
meg)—necessary for feeding the condenser ac voltage inde- 
pendently of frequency to the grid of the amplifier valve, and 
also in the interest of low equivalent noise level which be- 
comes less with higher input resistance. 

The grid circuit and valve noise, which determines the 
lowest useful signal level, must not exceed 1-1.5 pv. To 
this end a special valve, type MSC2, was developed. This 
has a directly heated oxide-coated cathode and is soldered 
directly into the circuit wiring. 

Figure 14 shows two of the component parts of the type 
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M49 microphone capsule. On the left can be seen one of the J 
polyvinyl chloride diaphragms with a thickness of only 8 » J 
(» = 1/1000 mm), and coated on one side by a sputtering 
process with pure gold having a thickness of 0.3 ». On the | 
right is the partly perforated middle electrode. When 
mounted on either side of the fixed electrode the effective 
diameter of the diaphragm becomes 28 mm. The diaphragm 
vibrates in the form of a ring, and contact is made to the } 
center by a screw fitting into an insulating bush in the fixed 
electrode. 

The distance between diaphragm and fixed electrode is 
40». The tension of the diaphragm is just such that it does 
not fall against the fixed electrode under the influence of the 
maximum polarizing voltage. The stiffness of the diaphragm 
is one-sixtieth that of the stiffness of the air behind it, and 
its resonance is low—between 600 and 800 cps. 


Fic. 13. Neumann type M49 microphone with cover removed. 
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Fic. 14. Right, fixed central electrode, and, left, one of the 
gold-sputtered polyvinyl diaphragms before mounting. 


The change of capacitance caused by the application of 
the maximum polarizing voltage (60 v) amounts to 3-4 
puf. This is an important factor having a bearing on the 
response at lower frequencies. The emf of one condenser 
side is approximately 1.4 mv/microbar. 

Of the highest importance is the employment of insulating 
materials of the best possible grade for all critical parts in the 
microphone and amplifier. This again calls for extremely 
clean production methods involving the use of special clean- 
ing materials. 


Il. DETAILS OF NEUMANN TYPES M50 AND U47 
AND ASSOCIATED POWER-SUPPLY UNITS 


As described above, the new pressure-gradient condenser 
microphone (Neumann type M49) makes use of the com- 
bination of two equal cardioid condenser systems mounted 
back to back, i.e., with their maximum sensitivity in opposite 
directions. The addition of their output voltages gives the 
resulting voltage as 


——-— 2kc/s 
----= 5kc/s 
van ISkc/s 
Polar diagram of Neumann type M50 pressure micro- 


e = €;(1 + cos a;) + e2(1 —cos a) 
which can be expressed as 


e= (er +en)* (14 


€,— €2 
*cos a 
€1 + 2 

The form of the characteristic, therefore, depends on the 
ratio of the difference to the sum of the output voltages of 
both microphone systems. A flat frequency response of the 
combination necessitates a flat response of the single micro- 
phones.* 


New Pressure-Type Condenser Microphone 


The Neumann type M50 microphone is deliberately built 
in such a way that the response at high frequencies becomes 
slightly directional with a slight increase of output. This 
effect can be observed on its polar diagram (Fig. 15) and its 
frequency-response curve (Fig. 16). In a diffused field of 
sound the frequency response of the microphone is practically 
flat. 

Figure 17 shows the interior of the M50 microphone after 
the protecting cover, which consists of a triple layer of dif- 
ferent metal gauzes, has been removed. A flexibly mounted 
Perspex sphere with a diameter of 40 mm carries, flush-fitting 
on one side, the actual condenser capsule with the highly 
stretched diaphragm of an effective diameter of 12 mm. The 
size of the Perspex sphere was chosen for the above-men- 
tioned increase of frequency response to a plane wave front, 
starting at about 1,000 cps. The diameter of the diaphragm 
is sufficiently small compared with the sphere diameter to 
maintain a favorably broad directional characteristic of the 
microphone at high frequencies. The capacitance of the 
capsule, however, must not be too small with respect to the 
detrimental input capacitance of the amplifier. A sufficiently 
large capacitance can be produced by an extremely small 
distance between the diaphragm and the fixed electrode, this 
distance being here 10 ». Again, the diaphragm is made from 
an insulating foil (Polystyrol) of a thickness of 12 », sput- 
tered with a pure gold layer on one side. These insulating 
foils are used with much advantage, as they simplify the 
construction of the capsule and give protection against acci- 
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Fic. 16. Frequency-response curve of Neumann type M50 micro- 
phone. 


4H. Grosskopf, Techn. Hausmitt. des NWDR, 4, 209 (1952). 
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Fie. 17. Neumann type M50 microphone with cover removed. 


dental short circuits between the metallic side of the dia- 
phragm and the fixed electrode. The extremely small mass of 
such foils, if compared with that of pure metal diaphragms, 
permits the application of relatively small polarizing volt- 
ages to obtain a sufficiently large electrical output. 

As stated before, the diaphragm of the M50 capsule is 
highly stretched, but its resonance of approximately 15 kc 
is mainly determined by the stiffness of the air cushion be- 
hind the diaphragm. Suitable cavities in the surface of the 
fixed electrode are designed for an aperiodical damping of the 
diaphragm, thus making the transformation of mechanical 
into electrical oscillations independent of frequency below 
the resonance of the diaphragm. 

The frequency response of the M50 microphone covers 
the range from 40 to 15,000 cps, with a gradual increase up 
to +5 db when exposed to direct sound. Other data are: 
sensitivity, approximately 0.7 mv/microbar; overall noise, 
<2 pv; output impedance, 200 ohms. The physical di- 
mensions (also those of the M49) are: overall height, 163 
mm; greatest diameter, 80 mm; weight, 800 g. The built- 
in amplifier is principally the same as that used for the M49 
microphone and is housed below a similar detachable Perspex 
cover which carries on its top the actual microphone. The 
output transformer is mounted further down, and the whole 
assembly is fixed to a soft rubber disc as a protection against 
mechanical vibrations. The threshold noise generated in 
microphone plus amplifier is of the order of 18-20 phon, 
which compares with the noise of an empty quiet broadcast- 
ing studio. 


Power-Supply Units for Neumann Types M49 and 
M50 Microphones 


Figure 18 shows the portable ac mains power unit type 
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N48. The multiple plug connection in the middle of the 
front panel serves to connect the microphone via a screened 
rubber-coated cable which carries the voltage supply to and 
the signal output voltage from the amplifier, the latter being 
made available at the three-pin plug in the left lower corner. 
All plug connections are of the novel and most reliable self- 
cleaning Tuchel type, the counterpart of the multiple 
socket being shown on the left. On the right-hand side are 
a handy cable clamp and, above, three terminals, provided 
for test or measuring purposes, which are connected in paral- 
lel with the signal-output plug. The potentiometer for the 
adjustment of the directional characteristics on the M49 
microphone is situated on the upper part of the panel. In 
the photograph it is set to a position half way between omni- 
directional (circle) and cardioid. The back panel contains 
the mains input, the mains switch, the signal lamp, and fuses. 
The electrical layout incorporates two rectifier circuits for 
the provision of all necessary voltages and currents for the 
amplifier, including the polarizing voltages for the condenser 
capsule. 

A second mains power unit, type N49, incorporating the 
same circuit diagram, is provided in panel construction for 
rack mounting. For outside broadcasts, or where there is no 
mains supply available, a portable unit, type B9, enables the 
microphones to be operated from internal batteries. 

These three units also serve the M50 microphone, in which 


Fig. 18. Type N48 ac mains operated power-supply unit for the 
M49 and M50 microphones. 
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Fie. 19. Neumann type U47 microphone. 


case the adjustable polarizing voltage is automatically out 
of action. 

The standard length of the screened multiple cable be- 
tween microphone and power supply is 10 m or roughly 33 
ft. Experience showed that this length can, if necessary, be 
increased to a maximum of about 100 ft, without any changes 
in frequency response. With the higher ohmic resistance 
of the cable, however, heater current adjustment must be 
made inside the power-supply units. 


Neumann Type U47 Microphone 


A less costly layout of a pressure-gradient condenser micro- 
phone of very high performance, incorporating a choice of 
two fixed directional characteristics (cardioid or omnidirec- 
tional), is the Neumann type U47 with its own mains supply 
unit and microphone cable, the latter fitted with a device for 
tilting the microphone to any desired angle. Both char- 


acteristics can conveniently be selected on the front of the 
microphone by means of a to-and-fro switch with indicator 
for the chosen position. 

The exterior of the Neumann type U47 microphone is 
shown in Fig. 19. The upper part of the microphone con- 
sists of three protective layers of different wire mesh and 
houses the condenser capsule as well as the switch for chang- 
ing its directional characteristic, the setting of which can be 
observed in an oval Perspex window inside the metal belt 
of the cover. In the photograph the microphone is switched 
to the cardioid position. 

The condenser capsule of the U47 microphone is identical 
with the capsule of the M49 and consists of a perforated 
fixed middle electrode with two equal diaphragms on either 
side. One diaphragm is permanently connected to a polariz- 
ing voltage. If an omnidirectional characteristic is required, 
the other diaphragm receives the same voltage, which is 
also of the same direction, via the above-mentioned switch. 
For the cardioid, the switch disconnects the polarizing volt- 
age from the second diaphragm and connects it to zero po- 
tential. 

The principle of operation is similar to that of the M49 
capsule, with the difference that here two characteristics may 
be chosen and that these are obtained by means of a clear 
switching-over from one form to the other. The available 
polar diagrams can be seen in Fig. 20; the respective fre- 
quency-response curves are shown ‘in Fig. 21. 
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Fie. 20, Alternative polar diagrams available in the Neumann 
type U47 microphone. 
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Fig. 21. Frequency-response curves of the Neumann type U47 
microphone. 
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Fig. 22. Neumann type U47 microphone partially dismantled 
with the amplifier unit on the right. 


Figure 22 gives a picture of the U47 microphone as opened 
for servicing. The top part with the capsule and the switch 
is a complete unit by itself, connected to the amplifier as- 
sembly on the right by way of a special Tuchel two-pin plug. 
The valve chosen for the single-stage amplifier is the Tele- 
funken type VF14, an indirectly heated steel envelope valve 
with a 55-v heater. This valve is suspended on soft rubber 
tapes, upside down, and surrounded by a sponge-rubber ring 
to intercept any possible microphony. All other component 
parts, including the output transformer with a switching de- 
vice for either 50 or 200 ohms maiching output impedance, 
are mounted lower down. 

The electrical data of the U47 microphone are: frequency 
range, 40—-15,000 cps; sensitivity, 2.5 mv/microbar; overall 
noise, approximately 1.5 wv (<18 phon); overall distortion 
up to 120 phon, <1%; output impedance, 50 or 200 ohms. 
The physical dimensions are: overall height, 240 mm; largest 
diameter, 63 mm; weight 700 g. 

Figure 23 gives a view of the ac mains supply unit, type 
NG, which is surprisingly small yet supplies the microphone 
and amplifier with all necessary voltages and currents from 
one bridge-connected selenium rectifier with smoothing 
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Fic. 23. Type NG mains supply unit for the Neumann type 
U47 microphone. 


circuits. The heater supply branches off from the anode 
voltage supply, bringing the overall dc current of the mains 
unit to only 40 ma, with a maximum dc voltage of 100 v. 
The overall dimensions are 220 * 100 & 120 mm. The 
microphone cable input and the signal output are situated on 
the front panel. The back panel contains the ac mains input, 
the mains switch, a signal lamp, and a fuse. 

The standard length of the microphone cable with Tuchel 
plug fittings is again 33 ft, but the permissible maximum 
length in this case can be as much as 200 ft. 
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A Variable-Speed Distributor System for Synchronizing Out-of-Sync Pictures and 
Sound Tracks* 


H. M. Tremaret 
USAF Lookout Mountain Laboratory, Hollywood, California 


. THE PRODUCTION of sound motion pictures, syn- 

chronization between the picture camera and the sound 
recording equipment is of prime importance. Although the 
equipment may be on the same lot, in a sound truck, or in 
a re-recording channel, the problem is basically the same, 
that of maintaining synchronization between the various 
units of the sound system and the picture. 

The most commonly employed method used to obtain 
synchronization is the selsyn distributor system shown in 
Fig. 1. Such a distributor system employs a selsyn motor at 
the picture camera and a similar type of motor at each piece 
of recording equipment requiring motion in the recording 
chain. This method of synchronization is often referred 
to as an interlock system. In Fig. 2 is shown the block 
diagram of a typical selsyn distributor system. At the left 
is a starting control box containing relays, resistors, and 
other items for starting the system and bringing it up to 
speed in a given time to prevent the breakage of film. At 


the output of the control box is a three-phase 220-v syn- 
chronous motor mechanically coupled to the selsyn distribu- 
tor. 

It will be noted that the distributor unit has two windings, 


a stator and a rotor. The windings are star-connected and 
have a voltage ratio of 1 to 1. The rotor is mechanically 
coupled to the motor through a flexible coupling. The 
opposite end of the motor shaft carries a heavy flywheel. 
The rotor windings of the distributor are connected to the 
rotor windings of all motors in the system to be driven. 


Fic. 1. Selsyn distributor system. 
* This paper was presented at the Audio Fair—Los Angeles, Febru- 
ary 5-7, 1953. 
t Civilian Chief, Sound Section. 
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Fic. 2. Block diagram of typical selsyn distributor system. 


Three-phase power is carried from the stator windings of the 
distributor to all stator windings of the motors. The direc- 
tion of rotation is established by connecting similar wind- 
ing numbers of the distributor and motors to the same phase. 
The rotors have no connection to the three-phase power. If 
it is desired, this distributor system may be made to run 
variable speed by connecting a three-gang rheostat, star- 
connected across the rotor windings. As the resistance is 
decreased, the system will increase its speed until the rotors 
are short circuited, at which time the system will run at 
approximately 90% of synchronous speed. It should be 
pointed out, however, that the control of speed by this 
method is not entirely satisfactory and is not recommended 
where absolute control of speed is necessary. 

Before the advent of sound motion pictures, motion picture 
projectors ran at a speed of approximately 80 ft/min. Be- 
cause of certain considerations relative to sound recording, 
this speed was increased to 90 ft/min, or 24 frames per 
second, which is the present standard speed. 

At times, because of freak conditions, a motion picture 
sound track will be recorded out-of-sync with the picture. 
If the out-of-sync conditions are such that they are constant 
in a given direction and from the same source of power, no 
particular trouble is encountered in bringing the picture 
and the sound track into sync. Such situations are generally 
corrected by the sound cutter when editing the picture, by 
the simple expedient of moving the sound track ahead or be- 
hind the action, as the situation may demand. At times, how- 
ever, because of the action and nature of the sound, this may 
become quite difficult and almost impossible to correct, using 
a Moviola for cuing. If this is the case, the picture has to 
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Fic. 3. Block diagram of variable-speed distributor system. 


be viewed in the projection room and the amount of correc- 
tion estimated; then it is recut and viewed again. This 
method is time-consuming and should be avoided if possible. 

Another problem may arise if a picture is shot with the 
camera and recording equipment supplied from two differ- 
ent sources of power. Situations of this nature cannot al- 
ways be corrected by cutting because of the drift between 
the sources of power, and generally such problems are given 
to the sound department for correction. 

A typical example of this was a picture which was shot 
aboard ship. The camera and sound recording equipment 
required a source of 115-v single-phase power; however, 
the sound equipment was inadvertently supplied from one 
generator set and the camera from another. Although both 
sources were fairly close to 60 cps, a considerable amount of 
drift took place between the two generator systems. Long 
scenes were several frames out-of-sync. To add to the 
difficulty, the drift between the sources of power was not 
constant or in a given direction. At times both were in 
sync, then one generator would drift in the opposite direc- 
tion from the other, then back to sync and out in the 
opposite direction. The picture was of such a nature that 
neither the sound nor the picture could be reshot; the ma- 
terial on hand had to be used. 

It appeared that, if a device could be devised that would 
allow the sound track to be advanced or retarded while re- 
recording, much time could be saved and a smooth syn- 
chronization obtained. The proper cue for moving the 
sound track ahead or behind would be taken from a footage 
counter at the side of the projection screen. After due con- 
sideration of the problem, the following specifications were 
drawn up for such a device. 

1. The distributor system must be variable from 1,000 
to 1,450 rpm. 

2..The speed of the soundhead motor must cover the same 
range. 

3. The control of the speed must be smooth and capable 
of being advanced or retarded in fractions of a frame. 
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4. The device must operate with standard interlock equip- 
ment, except for the speed control unit. 


5. It must be capable of being patched inte the regular 
distributor system as required. 


6. It must be remotely controlled from the mixer console. 


According to these specifications, the following variable- 
speed distributor system was developed. 

Referring to Fig. 3, at the left in dotted lines is shown 
the soundhead motor to be controlled. The stator of this 
motor is connected to the stator windings of the selsyn 
distributor. The rotor of the distributor is turned by a 
three-phase synchronous motor at the right. The rotor 
windings of the soundhead driving motor are connected to 
the stator windings of a standard selsyn interlock motor. 
The rotor windings of this motor are connected to the rotor 
windings of the selsyn distributor. In other words a stand- 
ard selsyn interlock motor has been connected in series with 
the rotor circuit of the soundhead motor and the selsyn 
distributor. If the rotor of this motor is rotated, it will act 
as a frequency changer; therefore it will be referred to as a 
frequency changer. 

If the rotor of the frequency changer is held stationary 
while the system is running, the frequency changer may be 
considered to be a 1-to-1 transformer. Under these con- 
ditions the soundhead motor will rotate at its normal speed 
of 1,200 rpm. If the rotor of the frequency changer is 
turned slowly in the direction of its torque, the soundhead 
motor will decrease its speed. If the rotor is turned against 
the torque, the speed of the soundhead motor will be in- 
creased. Thus if the rotor of the frequency changer is 
turned at various speeds, the frequency of the power to the 
soundhead motor is increased or decreased. Because the 
soundhead motor is a synchronous motor, the speed may be 
controlled by the frequency of the applied power. If the 
rotor of the frequency changer is allowed to run free, it will 
rotate at 1,200 rpm and the soundhead will come to rest. 


Fic. 4. Variable-speed distributor system. 
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Fig. 5. Frames per second vs power frequency applied to the 
ssoundhead rotor. 


To control the rotational speed and direction of the fre- 
quency changer smoothly in small increments, a hydraulic 
unit originally designed to operate an aircraft gun turret was 
attached to the rotor of the frequency changer. The 
hydraulic controi is a Vickers Model aa—16801la—645176, 
capable of developing 2 hp, which is more than ample for this 
application. 

The motor to the right of the hydraulic unit drives the 
internal pump of the control ‘unit. A small single-phase 
selsyn control motor is attached through a worm drive to 
the control valve on the hydraulic unit. A second selsyn 
control motor is mounted at the mixer console for conveni- 
ence of operation. 

When the variable-speed distributor system is used, only 
one distributor is required, that normally used for re-record- 
ing operations. The variable distributor is patched in series 
with the soundhead motor to be controlled. The completed 
device is shown in Fig. 4. Item 1 is the interlock motor 
used as a frequency changer. Item 2 is the hydraulic con- 
trol unit, and item 3 is the pump motor. Item 4 is a fre- 
quency meter calibrated 2 cycles each side of 60 cps, which 
can be read within 0.05 cycle. The meter is connected across 
the stator of the frequency changer. 

When the picture and out-of-sync track are threaded up 
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Fic. 6. Frames per second vs revolutions per minute of the 
soundhead rotor. 


on their start marks as determined from the original sync 
marks, the out-of-sync scenes are noted by means of the 
footage counter. They are then run again, and the sound 
track is retarded or advanced as required. When a certain 
amount of skill has been developed, it is possible with the 
variable-speed distributor to bring the sound and action 
into perfect sync while re-recording. If the scene is lengthy, 
it may be recorded in two sections and combined later. 

It has been demonstrated that it is possible to do in 20 
minutes the same amount of work that would take a sound 
cutter a day and a half. It is essential that the changes in 
speed of the sound track be slow and gradual; if made too 
fast, a change of pitch might be apparent. However, dia- 
logue and sound effects will show little change in pitch, 
especially if background noise is present. 

It will be noted in Fig. 5, which is a plot of frames per 
second vs the power frequency applied to the soundhead 
rotor, that the maximum variation required in either direc- 
tion is only 0.4 frame per second. Figure 6 shows the rela- 
tionship of frames per second vs revolutions per minute of 
the soundhead motor. 

I wish to thank Mr. Michael Thornton for his help in the 
design of this device, Mr. Elwin Coutant who did the con- 
struction work, Mr. Don Ehlers of the Editorial Department 
for his valuable suggestions, and last, but not least, Lt. Col. 
James L. Gaylord, Commanding Officer of Lookout Moun- 
tain Laboratory, who made possible the development of this 
device. 
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A Novel Audio Sweep Generator* 


Peter Pont and Henry Wotcott 
Technomatic Instrument Company, Santa Monica, California 


JULY 1953, VOLUME 1, NUMBER 3 


» hoes TECHNOMATIC audio sweep generator is an in- 

strument designed to eliminate the time-consuming job 
of point-by-point plotting of frequency-response curves. A 
frequency-response curve is presented at a glance, by auto- 
matic visual plotting of the curve as a display on a cathode- 
ray tube. We believe that this is the first commercial 
instrument which can accurately analyze the audio and 
supersonic spectrum. The frequency sweep is achieved by 
a continuous variation of the sinusoidal output frequency 
between any two frequency limits in the range from 20 to 
200,000 cps. The frequency swing is achieved entirely by 
electronic means. A variable marker makes possible accurate 
frequency readings at any point along the curve. 

To the design engineer, the audio sweep generator is a real 
time-saver. In designing a transformer, filters, or audio 
circuitry, where definite frequency characteristics are re- 
quired, this instrument enables the engineer to determine 
quickly the optimum values and operating conditions, since 
results of changes in circuit parameters are instantly and 
accurately displayed. Since the envelope-type display pro- 
vides a recurrent frequency spectrum, the response of the 
item under test to every frequency present is continuously 
visible on the oscilloscope. Distortion of any frequencies 
will show as striations in the pattern. Curves that, because 
of their complexity, are almost impossible to plot by con- 
ventional methods are readily obtainable with the audio 
sweep generator. The curves can be photographed for 
permanent record. 

Present military and civilian production tolerances of 
frequency-sensitive devices make the production testing of 
every item desirable and sometimes mandatory. By use of 
this generator, costly testing time can be limited to the 
minimum. Fixed frequency markers indicating production 
tolerance limits give simple “go” or “no go” indications. 
These can be interpreted even by the technically unskilled 
worker. 

The audio sweep generator is also an aid for the adjust- 
ment and maintenance of sound equipment. It offers an accu- 
rate and fast means for the physical alignment of optical and 
magnetic recorders and reproducers. Moreover, it is useful 
for fast and accurate analysis of sound systems, including 
equalizers, microphones, and speakers, and for the trouble- 
shooting of such equipment. The envelope-type display not 


* This paper was presented at the Audio Fair—Los Angeles, Febru- 
ary 5-7, 1953. 
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Fig. 1. Block diagram of the audio sweep generator. 


only indicates frequency response but will also indicate 
points of overload and harmonic and transient distortions. 

The following are some specialized applications of the 
audio sweep generator: (1) as an FM signal generator, for 
all telemetering and FM subcarrier channels, without FM 
distortion or distortion due to amplitude modulation (modu- 
lating frequencies range from direct current to 10,000 cps) ; 
(2) as a beat frequency oscillator, covering the sonic and 
supersonic spectrum from 20 to 200,000 cps in one continu- 
ous tuning range and with constant output level; (3) as a 
sweeping harmonic wave analyzer or spectrum analyzer, for 
oscilloscope presentation of frequency components which are 
present over any part or all of the spectrum from 100 to 
200,000 cps. 

In operation, the Technomatic audio sweep generator is 
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Fig. 2. Front panel of the audio sweep generator. 
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essentially a beat frequency oscillator with a range from 
zero beat to 200,000 cps. The variable frequency oscillator 
may be tuned manually by adjustment of the center fre- 
quency control, or electrically by the balanced reactance tube 
modulator. By the use of the automatic amplitude control, 
limiting, and a special balanced detector, amplitude changes 
and harmonic distortion have been reduced to negligible 
values. 

In typical operation, the internal sweep is best suited for 
the analysis of wide-band phenomena, either linear or log- 
arithmic, depending on whether a linear or a semi-log plot 
is desired. The normally linear amplitude scale can be 
changed to a log scale by inserting a log attenuator, should 
a log-log plot be desired. 

The frequency dial indicates the starting frequency, and 
the deviation dial indicates the deviation above the starting 
frequency. 
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The external sweep may be provided by a If function 
generator with an output frequency range from 0.01 to 
10,000 cps. For most purposes this sweep should be of a 
triangular wave form. This method is most useful for the 
study of narrow band circuits. When using the external 
sweep modulation, the frequency dial indicates the center 
frequency and the deviation dial indicates the deviation each 
side of center. When a narrow circuit is swept too fast to 
respond to the change of frequency, a “ringing” effect causes 
a distorted display of the response curve. By sweeping from 
the center frequency to both limits of the pass band, two 
distinct traces can be observed under this condition. Re- 
ducing the sweep rate will result in coincidence of these 
curves, indicating that the circuit is being swept at a slow 
enough rate to display its true steady-state frequency char- 
acteristics. Blanking of half the triangular sweep can be ap- 
plied to either the sweep generator or the oscilloscope. 


“iS 
- 
‘i 
3 
Tin 
" 
E 
a 
Ae 
a 
yi 
= 
e 
| : 
a 
; e. 
: e 
: a 
re 3 
Ss, 1 
e EY: 
bs % 
ad e 
EB : . 
Fi 4 
oh : 
Z : 
& a 
4 
. ae 
vi 
.. 
4 
, 
A; 
— 
a 
Pe 
F. 
a 
ca 
” 
a4 
: 
“ 
. 
s 
ef; 

:” ‘ 


nf 
wv 
ns 
_ 
Be 
of 
— 
2 
i 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


The Amplifier and Its Place in the High-Fidelity System* 


H. H. Scorr 
Hermon Hosmer Scott, Inc., Cambridge, Massachusetts 


JULY 1953, VOLUME 1, NUMBER 3 


INTRODUCTION—WHAT MAKES HIGH FIDELITY 
POSSIBLE? 


THE high-fidelity system, the amplifier is the single 

coordinating element which makes possible the correct 
function of all other elements. The reproduction of sound is 
not new, but the early phonographs provided only a mere 
travesty of the original music. In these crude units, the 
actual energy with which the record vibrated the needle in 
turn actuated the diaphragm which drove the horn. Thus 
the actual sound energy radiated by the horn was derived 
directly from the vibration of the stylus by the record with 
no amplification. For recording, a similar system operated 
in the opposite direction. 

With such a crude reproducing system, of course, either 
the sound must be very weak or the record wear very serious. 
Furthermore, the response will be very limited and irregular. 

We still have a record which drives a stylus, and we still 
have a diaphragm which drives the air, but they are no longer 
coupled together mechanically. Between is the amplification 
which has made possible high-fidelity reproduction of sound. 

The range of most transducers is limited by natural res- 
onances and cutoffs. In general, any increase in fidelity 
is accompanied by a loss in efficiency. (Thus, for instance, 
the most efficient wide-range speaker systems employ sev- 
eral speakers to cover different parts of the frequency 
spectrum.) Amplification has made possible the use of 
inefficient but wider-range transducers for the reproduction 
of sound. In a phonograph system, this has meant the 
separation of the original mechanoacoustic transducer or 
“sound box” into two separate transducers, namely a pickup 
and a loudspeaker which are, respectively, mechanoelectrical 
and electroacoustic. The amplification between is often of 
the order of 110 db or more. We are so used to thinking 
in terms of decibels that the tremendous amplification of 
such a system is generally overlooked, but a moment’s com- 
putation will indicate that 110 db actually represents a 
power amplification of one hundred billion times. The 
ability of a modern vacuum-tube amplifier to multiply astro- 
nomically the smallest detectable signals and to use them 
to drive a loudspeaker has made possible present high-fidelity 
reproduction. 


For purposes of brevity, this discussion is confined mainly 


* This paper was presented at the Audio Fair—Los Angeles, Febru- 
ary 5-7, 1953. 
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to the most common (and generally the most complicated) 
use of the high-fidelity system—the playing of phonograph 
records, now usually of the long-playing variety. For this 
application, the amplifier must have more amplification and 
greater flexibility of control than for any other common pur- 
pose. Obviously, however, many of the remarks apply 
equally well to the reproduction of signals from other sources 
such as tuners or tape recorders, and to the recording proces- 
ses themselves where the recorder is substituted for the 
speaker, and the microphone for the pickup. 

To the fundamental function of the amplifier, amplifica- 
tion, have been added numerous other functions, including 
control and compensation. This is a logical development, 
since the various stages of an amplifier are ideally suited 
to isolate various networks and controls, and feedback and 
coupling circuits may in themselves be utilized for purposes 
of equalization. 

The role of the amplifier and the importance of its char- 
acteristics will therefore be discussed under four headings, 
as follows: 

1. Compensation for physical factors in associated equip- 

ment. 

2. Compensation for psychoacoustic factors. 

3. Amplification. 

4. Provision of proper terminating impedances for asso- 

ciated equipment. 


1. Compensation for Physical Factors in Associated 
Equipment 


The present-day high-fidelity amplifier is the heart of the 
high-fidelity system and is called upon to equalize for numer- 
ous factors present in the associated equipment. The most 
important of these is equalizing for the recording character- 
istic, which is never flat. Present-day records are attenu- 
ated in the bass and pre-emphasized in the treble region 
to a degree varying with different companies and often among 
the records of the same company. 

Early electrical recordings were attenuated at the rate of 
6 db below a. transition or “turnover” frequency such as 
250 cps. This turnover frequency varied with different 
companies, and it thus became common to specify the bass 
response in terms of the turnover frequency. In order to 
override noise, pre-emphasis of the high frequencies was later 
added to the recording characteristic and was commonly 
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expressed in terms of db boost at 10,000 cps. Both the 
bass turnover frequency and the db treble pre-emphasis 
were generally rated on the artificial assumption that the 
remainder of the curve was flat, which, of course, was never 
the case. Modern recording curves have little, if any, flat 
portion to be used as a reference, and it practically never 
includes the usual reference frequencies of 400 and 1,000 
cps. 

To this confusion have been added other variables, since 
many common curves do not have the usual slope of 6 db 
per octave, and in others the degree of bass attenuation or 
high-frequency pre-emphasis has been leveled off at some 
particular value to reduce rumble problems or distortion, 
respectively. 

It is obvious that a mere specification of bass turnover 
frequency and db treble pre-emphasis, therefore, will not 
satisfactorily define a recording or a reproducing curve. In 
fact, many curves which seem alike with such a simple de- 
scription are actually quite different, whereas other curves 
which seem quite different are actually closely alike. 

More complicated methods of description have been used, 
including several time constants or the addition of so-called 
“bass pre-emphasis,” but in the last analysis the simplest 
method is merely to compare actual graphs of the curves. 

Figure 1 shows a few typical reproducing curves which 
are, of course, the opposite of the corresponding recording 
curves, all plotted to pass through the zero reference line 
at 1,000 cps. This figure is by no means complete and is 
intended only to show the variations. Another curve, not 
shown because it would complicate the figure, formerly 
recommended by Decca for 78-rpm records, had an even 
slope of 3 db per octave from end to end. 

For instance, the bass response of the curves marked 
EUR, AES, NARTB,' and RCA? show a continuous rise 
of approximately similar slope but with different turnover 
frequencies. The Columbia has an obviously gentler slope, 
although its turnover is similar to that of the RCA and the 
NARTB curves. Both the Columbia and the NARTB 
curves level off at a certain point, whereas the others rise at 
a more or less constant rate to the full extent of the range. 
Obviously, then, the same characteristic cannot be used to 
reproduce satisfactorily the Columbia, the NARTB, and the 
RCA curves, although they would appear to have approxi- 
mately the same turnover frequencies. At 50 cps, for in- 
stance, there is approximately 12 db difference between the 
RCA and the Columbia curves, and the Columbia curve 
actually crosses the AES, the EUR, and the ffrr 78 curves, 


1 It is understood that the National Association of Radio and Tele- 
vision Broadcasters has recently standardized on a new curve somewhat 
different from the original NARTB (or NAB) curve shown here. 
This new curve is similar to the RCA “New Orthophonic.” Although 
it is not identical with the old curve, the general shape is the same. 

2 The curve marked RCA was adopted in 1949 and presumably used 
until the recent adoption of the “New Orthophonic” curve. 
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Frequency, cps 
Fig. 1. Typical reproducing curves for playing lateral-cut records, 
showing the wide divergence of curve shapes which have been used. 


all of which apparently have a lower turnover frequency. 

In the hf region there are similar, although not so serious, 
variations. The ffrr 78 and the old Decca 78 curves, for 
instance, droop at approximately 3 db per octave, whereas 
the NARTB and the Columbia approach a rate of approxi- 
mately 6 db. The RCA curve levels off, actually crossing 
the AES curve. 

The amplifier designer must therefore include sufficiently 
flexible equalization for all current recording characteristics 
and as many of the older curves as will be encountered in 
normal use of the equipment. Since it is only recently that 
recording companies have attempted to maintain uniform 
recording characteristics, it is not necessary, of course, to 
attempt to duplicate the older curves with as great precision 
as the current curves. It is highly important, however, that 
the amplifier have a high degree of flexibility with regard to 
frequency response so that all records may be equalized for 
satisfactory balance as judged by the ear. 

There are several schools of thought on how such equaliza- 
tion can be controlled. The simplest method (introduced 
about 1947), and one which has proved quite satisfactory, 
is to provide a basic curve which is approximately the aver- 
age of all the curves and to supply especially designed tone 
controls which will allow sufficient variation of this curve 
in all directions. This is made feasible by the fact that the 
tolerances in the recording curves are generally no closer: 
than +2 db, and these are, in fact, actually varied further 
by the effects of microphone placement or other system ad- 
justments made by the recording engineer. Many music 
lovers who prefer to adjust the equalization by ear select 
this simple type of control over all others. 

The next step, first announced in 1950, was to add two 
separate controls in addition to the tone controls, one for the 
bass turnover and one for treble roll-off or de-emphasis. 
Such a system facilitates setting to exact equalization char- 
acteristics. Such controls, as previously pointed out, should 
actually do considerably more than vary the turnover fre- 


PF 247 a 

mn ; 

s 

a By 

a 

2% 

| 4 
aa 

ve 

fia 

ro 

+3 

: ! 

: Sie 

: 
8 

g 

* 

a 

a 

nn 

a 

ead 

er 

i | 
be 4 
: 
Ly a 
- r 
7 [ 


JOURNAL OF THE 


Fig. 2. 
izer control adjusting simultaneously both hf and lf response for 
a wide variety of reproducing curves. 


Typical commercial amplifier incorporating single equal- 


quency and the db pre-emphasis and should therefore con- 
trol the entire shape of the bass and treble response curves. 
In view of this, a general practice is to label such controls 
directly with the names of the curves in addition to, or in 
place of, cycles and db. 

Where additional cost is justified, simplified control may 
be obtained by combining both If and hf equalization in a 

single amplifier control similar to conventional transcription 
- equalizers, but generally having considerably more posi- 
tions. Amplifiers with this feature were first marketed in 
1951 and probably account for the greatest number of pres- 
ent-day sales because of their simplicity of operation. With 
such an arrangement, the setting of a single control adjusts 
the entire frequency characteristic for the desired reproduc- 
ing curve. Such a control is marked directly in makes of 
records or other curve specifications, such as AES, NARTB, 
etc. This control system is unsurpassed for simplicity of 
operation. Figure 2 shows a typical amplifier incorporating 
this type of equalizer control. 

The “ne plus ultra” of record equalization is obtained with 
continuously variable turnover and roll-off controls. Such 
controls, unlike the individual step-by-step variety, provide 
response at all popular reproducing characteristics and all 
intermediate characteristics also, and will cope with all 
present records and all records which might conceivably be 
made in the future. They also allow exact individual ad- 
justment for those records which deviate from their rated 
recording curves. Where the user wishes to adjust two 
equalizer controls, therefore, these continuous controls pro- 
vide the most accurate and flexible system possible. It is 
expected that amplifiers having this feature will be intro- 
duced later in 1953. 
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When playing records, it is of vital importance that the 


system be provided with a sharp If cutoff below the audible 
range. A typical phonograph amplifier, for instance, has a | 
bass boost rising below the turnover frequency at a rate of 
6 db per octave, and the maximum boost including tone 
controls may be of the order of 50 db or more. Obviously, 
such a system would be very sensitive to turntable rumble 
and record eccentricity. In so far as rumble is in the audible 
range, it can effectively be eliminated only by a dynamic 
noise suppressor, but lower frequency rumble and in par- 
ticular the effects of record eccentricity can be most effec- 
tively dealt with only by a sharp If cutoff below the range 
of audibility. 

This is because a typical record may be eccentric to a 
degree far exceeding the amplitude of the lf vibrations en- 
graved in its groove. For instance, many commercial records 
exhibit an eccentricity of 60 mils (approximately 1/16 
in.), whereas the maximum amplitude which can be engraved 
on a microgroove record is approximately 1 mil. Obviously, 
therefore, if the system had an absolutely flat, constant 
amplitude response at low frequencies the lf (approximately 
Y, cycle) voltage resulting from this eccentricity would more 
than overload the amplifier. In fact, such a system would 
be practically inoperable, but fortunately there are several 
mitigating factors. To begin with, the bass equalization 
for constant amplitude response is seldom carried much 
below 30 cps, and most pickups have inherent lf attenuation 
resulting from their mechanical constants. In spite of this, 
the interfering voltage of subaudible frequency may easily 
be as strong as the desired signal, thus overloading the 
amplifier and intermodulating the desired signal components. 

If the loudspeaker cone moves backward and forward to 
an appreciable degree with each revolution of the record, 
such a condition probably is present. With speakers or 
output transformers having a sharp If cutoff, the subaudible | 
overload condition may be present in the output stage, al- 
though not apparent by watching the loudspeaker. For J 
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Fig. 3. Typical lf cutoff characteristic, practically essential in 
amplifiers for reducing dise records. Note frequency seale. 
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Fie. 4. Typical tone control curves. The desirable shapes will 

vary somewhat, depending upon the other controls provided on the 
amplifier. 


these reasons, the better amplifiers include a sharp If cutoff 
at some subaudible frequency between 10 and 20 cps, as 
shown in Fig. 3. 

There is another important advantage to such a If cutoff, 
and that is the reduction of acoustic feedback between the 
loudspeaker and the pickup. When such feedback is pres- 
ent, the reproduction is accompanied by a If throb, which is 
often as serious as the effects of record eccentricity. 

In addition to equalizers, most complete high-fidelity 
amplifiers are provided with separate bass and treble controls. 


These may be used where fixed-step equalizers are provided 
to deviate from the established reproducing curves when 
necessary. Their main use, however, is to compensate for 
the overall response of the system, of which the room acous- 
tics and its effects upon the loudspeaker may be important 


factors. The resonances, standing-wave patterns, reverber- 
ation, and other characteristics of the room, as well as the 
placement of the loudspeaker in the room, will affect the 
actual response as heard by the listener, so that, in the last 
analysis, tone controls may be required to obtain the over- 
all response desired. Typical tone control curves are shown 
in Fig. 4. Such curves are generally based upon a study of 
the type of correction which may be necessary in the typical 
system in which the amplifier will be incorporated. 

The best tone controls are of the three-channel variety, 
the three channels providing boost, attenuation, and flat 
transmission, respectively. In such a system, the tone con- 
trols themselves are, in fact, mixers combining the outputs 
of the various channels in different proportions. With such 
controls, ideal curve shapes can be maintained throughout 
the entire control range. 


2. Compensation for Psychoacoustic Factors 


Some of the twiddling of tone controls can be charged to 
psychoacoustic factors rather than to equalization. In other 
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words, certain listeners have personal preferences for certain 
types of tonal balance. Much of this confusion has been 
eliminated, however, by the development of proper loudness 
controls so that the apparent tonal balance does not change 
with the setting of the volume control. A loudness control 
is simply a volume control which is compensated to provide 
relative boost to certain frequency ranges at low settings of 
the control. 

These controls are based upon the effect first demonstrated 
by the Fletcher-Munson curves, and later versions thereof, 
which indicate that the ear is less sensitive to low and high 
frequencies at low levels. Through a misguided interpreta- 
tion of such curves, however, many so-called “loudness” 
controls have proved to give an unpleasant boomy quality 
at low levels. In designing a loudness control, however, 
there are many factors which should be taken into considera- 
tion. First, the Fletcher-Munson curves are for pure tones, 
and we have no ready knowledge of their applicability to 
complex tones. Furthermore, masking of one tone by 
another and the ability of the ear to recognize the funda- 
mental when only the harmonics are present enter into the 
picture. Last, but not least, we have wide variations in pro- 
gram material and the fact that the initial loudness of the 
original program does not always result in a proportional 
loudness in the reproduction. For instance, announcers and 
spoken dialogue are commonly broadcast or recorded at con- 
siderably higher relative levels than symphonic music. The 
complexity of the problem plus the obvious disadvantages 
of commercial loudness controls led this writer to undertake 
a study of the desirable characteristics for a loudness con- 
trol. For this purpose, subjective listening tests were made, 
with a number of persons and a wide variety of program 
material. The amplifier gain control was calibrated in 
definite steps. A pair of specially designed tone controls 
giving curves similar to the Fletcher-Munson curve but 
variable over a wide range were also provided. The program 
material was then played at a high level, and this level re- 
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Fic. 5. Typical loudness control curves based upon listening tests. 
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Fic. 6. Operation of the dynamic noise suppressor. The term 


**loud’’ here is enly relative. At even higher levels, the range 
expands to the full limits of the individual’s hearing. Wide-range 
dynamie noise suppressors exceed the actual range of human hear- 
ing. 


Fic. 7. Typical high-fidelity amplifier, including built-in wide- 
range dynamic noise suppressor and range control. 


duced in definite steps of 5 db each. At each step the 
listeners were asked to adjust the tone controls for apparent 
quality, duplicating that at the original high level, and these 
data were averaged. 

Typical loudness control curves determined by this 
method are shown in Fig. 5. These curves have somewhat 
less bass boost and more treble boost than other commercial 
loudness controls. 

Many amplifier designs incorporate a switch to change 
the loudness control to a straight volume control. This is 
of use where the amplifier is to be used for recording 
or broadcasting purposes, since loudness equalization is 
not desirable except in the reproduction of sound. Obvi- 
ously, if when reproducing sound the amplifier sounds better 
with the loudness control disconnected, the loudness control 
has been improperly designed. 

Another psychoacoustic factor little understood is the 
effect of noise and the resulting loss of realism. At the con- 
cert or opera, the music is not accompanied by a steady hiss 
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or crackle or a deep rumble, but much so-called high-fidelity 
reproduction is marred by these defects. Fortunately, a 
simple solution is possible. It is not new and has been known 
for a number of years, but, with the increased realism of 
modern long-playing records, the advantage of a device such 
as the Dynaural (dynamic aural) Noise Suppressor is greater 
than ever before. 


The dynamic noise suppressor is simply a dynamic band- 
pass system in which the frequency range of the system is 
automatically controlled by the input signal. With such a 
system and with reasonable amounts of noise reduction, the 
full audible signal range at any instant is accommodated 
easily, and the actual audible noise is limited to a much 
narrower band. In other words, it is possible to have high- 
fidelity reproduction with low-fidelity noise, as shown in 
Fig. 6. 

With the advent of large folded corner-horn reproducers 
and other systems having very wide bass response, the prob- 
lem of audible rumble from either the turntable or the 
record has become serious, and the rumble-suppressing 
properties of the dynamic noise suppressor, once considered 
as secondary in importance, now are equally important to 
the hf noise-suppressing properties. 

The dynamic noise suppressor should not be confused with 
fixed filters which limit the range under all conditions. With 
a Dynaural Noise Suppressor, for instance, at all ordinary 
signal levels the system’s range is wide open, and the music 
masks the noise. Only in the quiet passages is the fre- 
quency range restricted, and at such levels the human ear 
does not respond to the components in the frequency ranges 
cut off. The system operates very rapidly, as, for instance, 
between piano notes. Consequently, the listener hears only 
realistic reproduction with a greatly reduced background 
noise.* 

The greatest proof of the importance of the dynamic noise 
suppressor in the present state of high fidelity is indicated 
by the wide acceptance which it has received. Figure 7 
shows a complete amplifier, including a wide-range noise 
suppressor, and Fig. 8 is a separate noise suppressor unit 
applicable to other amplifiers. 


3 Unlike the loudness control, which is static, depending only upon 
the setting of the volume control, the noise suppressor is dynamic, 
varying automatically with the volume range of the program. A 
properly designed noise suppressor is adjusted to operate satisfactorily 
at high volume levels. Turning down the loudness control then merely 
provides the same apparent range at lower levels and consequently 
does not change the noise suppressor operation. For further informa- 
tion on dynamic noise suppressors, see: 

H. H. Scott, Dynamic Suppression of Phonograph Record Noise, 
Electronics, 19, 92-95 (December 1946), and Proc, Natl. Electronics 
Conf., 2, 586-596, 1946. 

H. H. Scott, Dynamic Noise Suppressor, Electronics, 20, 12 (Decem- 
ber 1947), and Proc. Natl. Electronics Conf., 3, 25-37, 1947. 

Harold D. Weiler, “High Fidelity Simplified,” pp. 129-132, John F. 
Rider, 1952. 
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: 3. Amplification 


As to amplification, the prime function of the amplifier, 
this has reached a degree of perfection undreamed of a few 
years ago. The amplifier is, for instance, far closer to per- 
fection than associated transducers such as pickups and 
loudspeakers. The typical high-fidelity amplifier is “flat,” 
or follows a predetermined equalization curve, over a range 
exceeding that of human hearing, and usually exceeding the 
range of most pickups, speakers, and records. The range 
of many amplifiers is so wide, in fact, that it is desirable to 
restrict this range for stable and satisfactory high-fidelity 
operation. 

We have already discussed the desirability of a lf cutoff 
when reproducing music from records. With excessively noisy 
or distorted program material, a suitable hf cutoff is also 
desirable, and many amplifiers incorporate a device of this 
sort. There is no known reason, however, for extending the 
range of the system beyond the range of hearing, and there 
may be certain disadvantages in using an amplifier with an 
excessively wide range. 

For instance, excessive hf response above the range of 
hearing often results in unsuspected feedback between the 
input and output, usually resulting from capacitive coupling 
between the speaker leads and the pickup leads. With gains 
exceeding 100 db, common pickup-lead shielding is often 
inadequate, and speaker leads are seldom shielded at all. 
The result is that many otherwise satisfactory amplifiers are 
operating, quite unknown to their owners, in a state of con- 
tinuous ultrasonic oscillation, causing distortion in any 
transmitted af signal. Obviously, if the distortion is suffi- 
ciently bad, the user will investigate and he may eventually 
find the cause of the trouble. In many borderline cases, 
however, the result is a harshness, which contributes to 
so-called “listening fatigue’ and which the user mistakenly 
blames on some other factor in the system. 

Much amplifier literature and advertising is concerned 
with output stage, quoting power, distortion, etc. Many 
mistaken impressions have been spread as a result of such 
emphasis and so-called “technical” articles. The plain fact 
is that many good amplifiers give satisfactory power output 
with a distortion level low enough to be generally considered 
as entirely negligible and that the output stage in general 
detracts very little from fidelity of music reproduction. We 
are not considering, of course, ordinary run-of-the-mill 
amplifiers but those high-grade units designed primarily for 
high-fidelity music reproductions. 

In connection with the above, it is interesting to note a 
quotation from Mr. D. T. N. Williamson in the September, 
1952, issue of Wireless World, pp. 357-361: 


It will be appreciated from the foregoing that there are a large 
number of solutions to the problem of designing a first-class amplifier, 
and no one of these solutions can be called the best solution. Each has 
its advantages and disadvantages, and the individual designer must 
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Fic. 8. The Dynaural converter, a dynamic noise suppressor 
unit adapted for use with amplifiers such as that shown in Fig. 2. 


choose that which most nearly meets his needs. The “goodness” of 
an amplifier is not shown by its circuit diagram. Circuits have no 
inherent magic properties, but are merely the tools with which the 
designer seeks to achieve a certain result, and different designers, pro- 
vided always that they have the same high standards in view, may 
achieve the same result by different means. 


One difference often mentioned between present output 
stages is the matter of efficiency. Of the various systems in 
use, class A triodes are the least efficient, and class B systems 
the most efficient. Efficiency of the output stage is of secon- 
dary importance, however, since power costs are unimportant 
for the few watts involved, and, as a practical matter. most of 
the power is consumed by tube heaters and other parts of 
the amplification. Actually, most amplifier manufacturers 
have conservatively standardized upon a class A beam- 
power output stage, utilizing inverse feedback to obtain all 
the desirable characteristics of a triode stage, yet with the 
considerably higher efficiency of the beam-power tetrodes or 
pentodes. Such a class A system does not have the critical 
characteristics sometimes associated with class B or other 
non-class A systems. In particular, its transfer character- 
istic is a smooth, straight line without kinks or discontinui- 
ties which feedback can reduce but never eliminate entirely. 

In spite of the perfection of present-day amplifiers, there 
are, however, some differences which show up under critical 
conditions or long periods of listening. These characteristics 
have been generally neglected in past amplifier designs since, 
until recently, the performance of the average amplifier was 
such that other factors masked these particular types of 
distortion. 

Much has been written recently about “listening fatigue” 
without too much information as to its exact cause. That 
it is not a matter of harmonic distortion is shown by the 
fact that some amplifiers which have been the worst offenders 
actually had extremely low distortion ratings. There is, in 
fact, every evidence that when the harmonic distortion in an 
amplifier has been reduced below 1% the harmonics in them- 
selves are of no importance whatsoever. 

Much has also been written about intermodulation, which 
is concerned with the nonharmonic components generated 
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by amplifier distortion. The writer has propounded else- 
where* his experiences in measuring such distortion over a 
period of years. 

Suffice it to say, for performance at normal listening levels 
it is the writer’s opinion that the most important amplifier 
distortion test in high-quality amplifiers is for first-order 
beat-tone intermodulation. This is measured simply by 
applying two nonharmonic tones and measuring the differ- 
ence frequency. Although this type of distortion is generally 
associated with even-harmonic distortion, output systems 
which cancel harmonics do not always cancel the beat tones. 
Since such beat tones are discordant, they are far more 
annoying than any harmonics. A comparatively large 
amount of harmonic distortion can be tolerated because it 
merely represents additional harmonics similar to the musical 
harmonics. The beat-tone intermodulation is extremely an- 
noying, even in small amounts, because it is discordant. It is 
believed that the slight differences in performance between 
the output systems of leading amplifiers is largely caused by 
beat-tone intermodulation. 

It is also a fact, of course, that many hobbyists like to 
operate their systems as loudly as possible, and under these 
conditions even the mightiest amplifiers will be clipping a 
few peaks. A factor far more important than actual dis- 
tortion at full output is the overload characteristic of the 
amplifier, namely, what happens when the unit actually is 
operated in an overload condition. A good amplifier will 
overload “gracefully,” clipping cleanly and without the 
addition of any spurious resonance or oscillation. It is 
amazing how much overloading can be tolerated at high 
acoustic levels if it is merely in the form of clean clipping 
of the peaks of the wave form without the addition of 
spurious oscillations and “hash.” A good 20-w amplifier 
having a satisfactory overload characteristic will often out- 
perform units of higher nominal power ratings under actual 
listening conditions. 

In designing an amplifier, therefore, after the harmonic 
distortion has been reduced below 1%, the most important 
factors are to minimize the intermodulation, of which the 
first-order beat tone is generally the strongest component, 
and to provide for clean clipping on overload. Such an 
amplifier will not cause listener fatigue at either high- or low- 
volume levels. Incidentally, excessive feedback often exag- 
gerates these difficulties, in particular the overload char- 
acteristic. The writer’s experience is that an amplifier should 
be designed for reasonable distortion without feedback, and 
sufficient feedback should then be used to reduce the output 
impedance to a desirable value. This will, of course, also 
have a beneficial effect upon the distortion characteristics, 
provided that excessive feedback is not applied. In the use 


+H. H. Scott, Audible Audio Distortion, Electronics, 18, 126-131 
(1945) ; Proc. Natl. Electronics Conf., 1, 138-145 (1944) ; Intermodula- 
tion Measurements, J. Audio Eng. Soc., 1, 56-61 (1953). 
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of feedback, amplifier designers should remember that, 
when an output tube is driven to cutoff, the amplifier is no 
longer a linear system, and in place of the tube impedance 
across the output transformer there is a practically open 
circuit. Even the best output transformers have natural 
resonances which are normally damped by impedances con- 
nected to the transformer, but with the removal of even a | 
part of these impedances the conditions are changed. Add 
to this the fact that the full gain of the feedback loop is 
then making an impossible attempt to correct distortion 


caused by tube cutoff, and some realization will be obtained q 


of the unstable conditions which cause spurious oscillation 
when an amplifier with excessive feedback is driven to the 
clipping point. 


4. Provision of Proper Terminating Impedances 
for Associated Equipment 


It is not sufficient that the amplifier both amplify perfectly 
and make the necessary corrections for associated equipment, 
recording characteristics, etc. It must also present the 
proper load or source impedances to associated equipment, 
which may be critical with regard to terminating impedance. 
This is particularly true of transducers. 

The average transducer is a complicated electromechanical 
device having both mechanical and electrical resonances. It 
it generally highly reactive in its impedance characteristics 
except through limited portions of the frequency range. 

A typical loudspeaker, for instance, has a resonant peak 
both in its frequency characteristic and in its impedance 
characteristic, caused by the bass resonance. The type of 
speaker enclosure used will modify this peak, but, since 
the peak is present in both the impedance and the response 
characteristics, the actual response will depend upon the 
impedance conditions under which the speaker is operated. 
If the source impedance is high, there will be a tendency 
to force a constant current through the speaker at all fre- 
quencies, exaggerating the response in the region of the 
resonance. If the source impedance is low, the higher 
speaker impedance at the resonant peak will reduce the 
actual current drawn from the amplifier and thus tend to 
level out the response curve. A low source impedance also 
tends to damp the resonance, thus reducing hangover “boom” 
in addition to flattening the response curve. 

It is desirable, therefore, that the output impedance of 
the amplifier be low compared to the rated impedance of the 
loudspeaker, but there are practical limits to this also. In 
earlier days when triode output stages were common, the 
usual load impedance for maximum undistorted power out- 
put was approximately twice the actual output impedance 
of the amplifier. For this reason, speakers were designed for 
optimum response with a source impedance equal to half 
the speaker impedance. 

The usual way of applying inverse feedback tends to 


as 
q 
i 
¥; 
$i = eC 
Ser 
ie z 
> 
ms 
rr 
ae 
A 
‘ 
= 
ee 
ie 
a foal 
ey y 
sw a 
a 7 
" ed 
ve i 
" A. & 
ra < 
oe 
ft 
at 
34 i 
i 
ies 
3 
a 
ne : 
we ‘ 
Re: : 
: a | 
* 
eT : 
‘e. : 
4 
5 
he 3 
4 i] 
Pan q 
‘ ¥. 
be 
es 
sm - 
toe 
= 
ig 
Reo 
te: 
Av. 
iw) 
a 
i 
Te. 
oe 
i 
i¢ 
noe 
= he 
aa 
a 
ie . 
ca 
fi: ¢ 
ot 
tial 
eh ; 
rf 
a 
as, 
"1 
ee |, 
ae : 
& 
ha : 
ie 
ca 
Be 
$s 
ee ; 
a ; 
Pa, 7 
oe: 
yet 
ia : 
it : 
hed ; 
oe ‘ 
Sp 
asl ‘ 
Use 
. ! 
oe 
a 
a 
ra 
a ; 3 
G t : 
ae a 
hg % 
ae 
e ir : 
ate 
iy “~ 3 
Be 
ae 
ce 
ets s 
ued 
ps 
cei 
og 
ae 
a 
~ 


H. H, SCOTT 


20 100 1900 
Frequency, cps 
Fic. 9. The effect of amplifier output regulation on typical bass 
reflex speakers. Ninety per cent regulation is for a pentode output 
stage with no feedback, a combination never used in high-fidelity 
systems. Twenty per cent regulation represents a typical high- 
fidelity amplifier. The 0% curve shows the low frequency loss 
resulting from zero source impedance. 
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reduce the amplifier output impedance, so that in today’s 
high-fidelity amplifier the output impedance is a mere 
fraction of the load impedance. Some loudspeaker manu- 
facturers have cautioned against too low a source impedance, 
since some speaker-enclosure combinations are critical in 
this respect, and too low a source impedance will result in 
inadequate bass response, or “overdamping.” Actually, 
the term “‘overdamping” is often erroneous, since the differ- 
ence is often a matter of frequency characteristic rather than 
damping. Figure 9 shows the effects of the amplifier out- 
put impedance with a typical bass reflex system. 

It should also be recognized that every speaker system 
includes considerable mechanical damping and that this is 
necessary in conventional systems. The dc resistance of a 
16-ohm speaker may be as high as 12 ohms, and this is 
directly in series with the output impedance of the amplifier. 
With conventional speaker designs, then, the amplifier can- 
not be relied upon for more than a certain amount of damp- 
ing, since reducing its impedance even to zero will not elimin- 
ate the series resistance of the speaker itself. (Amplifiers 
with negative output impedances have been proposed, but 
so far no such system has reached a commercial stage.) 

It is desirable, however, that the output impedance of the 
amplifier be low. Various authors have quoted different 
values. For instance, Salmon states that it is hardly worth 
while to reduce amplifier output impedance much below the 
resistance of the speaker.’ Plach and Williams have stated 
that 1% to % is a reasonable ratio.® With conventional speak- 


5 Vincent Salmon, Coupling the Speaker to the Output Stage, News- 
letter I.R.E. Professional Group on Audio, 3, No. 1, p. 6 (January, 
1952). 

6 Daniel J. Plach and Philip B. Williams, Horn Loaded Loudspeak- 
ers, Trans. I1.R.E. Professional Group on Audio, p. 3 (October 22, 
1951). 
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ers, then, there would seem to be little reason for reducing 
source impedance below 20% of the load impedance, and 
with certain speakers there may be a disadvantage in doing 
so. 

Perhaps the greatest disadvantage of too low a source 
impedance is often overlooked. Such a low impedance gen- 
erally is the result of a large amount of inverse feedback, 
and feedback beyond a certain degree often results in in- 
stability in ranges outside the normal operating range. As 
previously mentioned, an amplifier with excessive feedback 
tends to “break up” when overloaded. That is, the over- 
loading is accompanied by spurious oscillation and other 
undesirable effects. The “cleanness” with which an amplifier 
overloads is very important for good listening. 

The input impedance of the average high-fidelity ampli- 
fier should be high. The average magnetic pickup, although 
considered of low impedance, is actually inductive, and its 
high-frequency response will be reduced by a low load re- 
sistance. The load resistance values recommended by vari- 
ous pickup manufacturers range from a few thousand ohms 
to hundreds of thousands of ohms. If the amplifier input 
impedance is high, it can be shunted with the optimum load 
resistor for the type of pickup used, and without adverse 
effects on performance. 

The importance of the correct load on a magnetic pickup 
cannot be overemphasized. In typical, practical installa- 
tions, the writer has found that incorrect pickup loading has 
accounted for practically all reports of incorrect high-fre- 
quency response. Most equalizer-preamplifiers are designed 
for constant velocity pickups, and the manufacturers of such 
pickups generally specify a certain load resistance or net- 
work which will provide a true, constant velocity response. 
These recommendations should be followed carefully if a 
smooth and correct overall response is desired. Most such 
pickups exhibit a rising high-frequency characteristic if not 
properly loaded, which results in a harsh, fuzzy reproduc- 
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Fig. 10. Effects of loading on typical magnetic pickup character- 
istics. Proper loading is essential for smooth hf response. 
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tion and an unnecessary accentuation of high-frequency 
noise. It is a simple matter to load any pickup properly. 
All that is generally required is a resistor costing a few 
cents which can be connected permanently across the 
pickup leads. 

Figure 10 shows the typical improvement obtained with 
proper pickup loading. The improvement in the high-fre- 
quency response through proper loading is immediately ap- 
parent. The low-frequency arm resonance is, of course, an- 
other matter determined mainly by the stiffness of the pickup 
and the mass and other characteristics of the arm. With the 
present trend toward pickups having low mechanical imped- 
ance and better arm designs, this difficulty is encountered 
much less often. There is little, of course, that the amplifier 
can do to eliminate arm resonance, but with a flexible ampli- 
fier having good tone controls it is possible to adjust for a 
smoother overall bass response. 

Not all pickups, of course, are of the constant velocity 
variety. One popular model is a frequency-modulation de- 


vice which gives a constant amplitude output. Such pickups, 
however, may be easily connected to a conventional pre- 
amplifier by means of a simple network consisting of a 
series capacitor and a shunt resistor. Such networks are often 
built into amplifiers for the convenience of the user. 
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CONCLUSION 


The high-fidelity amplifier of today is, then, much more 
than an amplifier. Having reached near perfection in its 
original purpose of amplifying, it has been called upon to 
equalize or otherwise compensate for unavoidable character- 
istics or defects in other parts of the system and in the 
program material. A well-designed amplifier having opti- 
mum response curves under all conditions is necessarily a 
complicated and highly technical device representing many 
months of research, engineering, and design. In a single 
small amplifier are combined more functions than were for- 
merly present in racks of broadcast station equipment. In 
fact, in many instances broadcast stations have adopted 
standard high-fidelity amplifiers for broadcasting recorded 
music as being better suited to the purpose than broadcast 
station equipment, which is generally less flexible and 
adaptable. 

The music lover or hobbyist has, in the modern high- 
fidelity amplifier, a complex technical control system which 
allows him to get best results from all types of program 
material, not only from a multitude of different records but 
also from FM and AM tuners, tape recorders, and other 
signal sources. With such an amplifier the listener can 
actually re-create the original musical performance. 
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Two Ears in Three Dimensions* 


Norman C. Picxerryct and Eric Baenper, M.D.t 


Mr. Pickering: This discussion will be quite different 
from the kind we usually present, that is, a discussion on 
some technical point or on a new piece of apparatus. 

Actually, we are reaching out into a different realm of audio, 
because we have come pretty close to the fence in certain 
aspects of the whole problem of listening. We have per- 
fected systems, or at least we have come a lot closer to that 
elusive objective. We are getting nearer to what we thought 
we were looking for, and the nearer we get, the more we 
realize that that was not the goal at all. Therefore, we are 
now faced with the problem of “where do we go from here?” 

It was realized long ago that the big advances in sound 
reproduction would be made in the problem of space. No 
one can listen to sound coming out of a little hole in a box 
and convince himself that it is the real thing. That has been 
said many times, but it is really the point that we are try- 
ing to bring out—the fact that we are trying to create this 
illusion in the mind of the listener. How we do it, of course, 
is a matter of technology and technique. Equipment de- 
velopment has come a long way, and we have to make use 
of every possible aspect to achieve our ends, but we also 
have to know what the end result must be. We have to 
know what ind of illusion we want to create in the mind of 
the listener. 

We recently learned that the first use of two-channel 
reproduction was about the time of the Paris Exposition of 
1878, when someone hooked up two telephone receivers 
and two mouthpieces and got a startling improvement in 
reproduction. Of course he would, as we know. Most of 
us have heard two-channel reproduction on headphones, 
which does produce a startling concept of space in the mind 
of the listener. Not much work was done along these lines 
until the early 1930’s, when an extensive program at Bell 
Telephone Laboratories, involving such men as Steinberg, 
Snow, and Fletcher, got under way. This resulted, in 1934, 
in an avalanche of papers on the subject of stereophonic 
sound. There was a great deal of very fine work in these 
papers, and it would be worth while to read some of them. 

For a time after that, stereophonic reproduction was for- 
gotten. But now it has again become a current issue, and 
it is important to know the good work that has been done in 


* This is a report of a discussion presented at the meeting of the 
Audio Engineering Society in New York on January 13, 1953. 

t Director of Research, Pickering and Company, Inc., Oceanside, 
New York. 


t Diplomate of the American Board of Radiology. 


the past and to take advantage of it. That work, of course, 
included such striking things as the successful demonstra- 
tion of three-channel stereophonic reproduction. During 
this demonstration, an orchestra playing in the Academy of 
Music in Philadelphia was reproduced on a stage in Wash- 
ington with speakers placed in conformity with the micro- 
phones in the original auditorium. That, of course, was a 
great step forward in the handling of the space problem. 
It was only one phase of the problem, however, and the 
conditions represented a very special set of circumstances 
indeed. These are not the conditions which prevail in all 
listening environments, and we must be careful to differenti- 
ate between the conditions we encounter in our normal course 
of activities and those encountered in special demonstra- 
tions of this kind. Then in 1941 there was a series of papers 
by Fletcher on the Bell System recording techniques using 
four-channel film recordings, and there was Walt Disney’s 
Fantasia, which involved a bag of tricks and special han- 
dling of stereosound. That was definitely a theatrical presen- 
tation, and the spatial distribution of the sound was used 
as one of the elements in the theatrics. As such, it was 
extremely effective. 

The present situation leaves us in a rather strange posi- 
tion. We want to know what can be done to improve the 
space factor and enhance the illusion of reality. We want 
to know how far we can go, using modern techniques, the 
experience of the past, and our own ears, to preserve and 
present to the listener what exists, in substance, at the source 
of sound. This illusion is the thing we are all striving for 
so desperately. 

All of us have had the experience of building a sound 
system which, when completed, was far better than any- 
thing we had had before, only to discard it a few months 
later when we tired of it, or when we heard a system that 
sounded better. This continues until sometimes we feel 
that we are chasing a will o’ the wisp. Actually we have 
come now to a point where the next step will be a big one. 
Both Dr. Baender and I are convinced that audio engineers 
are on the track of something wonderful. However, there 
are a lot of “ifs” and “buts” to be considered, und we pro- 
pose, without any implication of condemnation or criticism, 
to survey carefully the various systems which have been 
proposed to give an improvement in space illusion. Dr. 
Baender has done a superb job of examining all the relevant 
factors, at least all that we can think of at the present time. 
He is uniquely qualified to do this examination. His original 
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training in Germany was in the field of medicine. His 
specialty, x-ray work, also required considerable use of 
electronic and photographic techniques, so he is also an 
excellent technician. He has developed special equipment 
and techniques in his medical work. Above all—and I think 
he would place this fact above anything else—he is a 
musician, and a good musician. He is an organist and has 
devoted many years to the study of baroque music, not only 
for organ, but for all kinds of instruments. I first met him 
many years ago when I played string quartets at his home, 
and I have been going back regularly ever since. He is 
constantly exposed to and interested in live music, and he 
has a superb record-reproducing system as well. I now 
want to present a man who has made an interesting evalua- 
tion of the problem of space and sound—Dr. Eric Baender. 

Dr. Baender: The science of hearing is the natural con- 
cern of sound engineers. As the alpha and the omega, at 
the beginning and the end, it frames the field of audio 
engineering, as it were. But hearing is also the concern of 
such divergent sciences as physics, music, anatomy, psy- 
chology, physiology, otology and of practical medicine in 
general. None of these may claim priority—none can afford 
to neglect it entirely. All contribute to the ever-expanding 
field but can do so only with the hope of mutual open- 
mindedness toward new ideas and developments in correlated 
sciences. This, I take it, is my excuse for expressing my 
thoughts on the subject of tridimensionality as it affects 
sound reproduction. 

The title chosen, “Two Ears in Three Dimensions,” should 
stress at once the complexity of the subject, with its divergent 
extensions into psychophysiology in one direction and into 
the physical outer world in the other. We shall therefore 
have to throw more than a casual glance into ourselves and 
around ourselves, with much emphasis on the human ele- 
ment. 

A block diagram will serve to illustrate and clarify the 
outline of the problem. Field 1 represents the concert hall 
or studio. We should agree at once that music will be our 
chief concern—instrumental and vocal music, from solo 
performance to large orchestra to choir and organ, speech 
to be included as merely a special case of vocal utterance— 
in kind, everything from Beethoven to bebop, from a bar- 
carole to a Bach chorale. 

Field 2 represents the living room, and technically the 
last stop of the transmitted sound. Here we expect com- 
fortable informality and full freedom of movement. Be- 
tween fields 1 and 2, we know the transmission to be in the 
trustworthy hands of audio engineers. 
our stage. 

Field 1 is usually controllable both technically and acousti- 
cally. Field 2, however, has so far remained beyond the 
reach of the controlling engineer. Acoustical characteristics 
here are haphazard in every conceivable respect. 


Thus, we have set 
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FIELD 
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At the risk of injecting still more uncertainty into our 
discussion, we shall have to consider the listener—to be 
specific, the human mind, the ego. We show him as a wavy 
line, which one may take to represent the gyrations of the | 
human brain, anatomically or otherwise. The Greeks repre- | 
sented Psyche as a maiden with the wings of a butterfly, | 
which calls for another wavy line. Or one may think of a 
cloud. This, at any rate, is the final recipient of our en- 
deavors—-His Majesty, the listener. 

It was one of the astonishing results of recent advances 
in disc recordings at their best that they were accepted by 
many music lovers who had stayed aloof from “canned” 
music but who now began to feel, to their ever-increasing 
gratification, that here at last was an approach to an ideal- 
ized modus of listening, free from time limitations, free from 
formal demands imposed by social gatherings, and free from 
incidental noises. At last attention could be focused on 
sound and thus on the musical essence of the performance. 
The music lover went happily along with technical advances 
and gladly adopted into his vocabulary such terms as “tape,” 
“LP,” and “magnetic pickup,” once he had identified them 
as the means to better reproduction of good music. He 
welcomed enthusiastically, in fact, every step that brought 
him closer to the coveted reality, although painfully aware 
at times of the exponential law stipulating that he would 
never quite make it. And now he reads of binaural repro- 
duction, stereophonic recording, three-dimensional sound, 
two-channel transmission—an array of terms used indis- 
criminately and interchangeably. Are they really synony- 
mous? 

In science, understanding is not possible without precise 
terms. They are the key words in any discussion. We have 
to know what a word means, what a thing is. To throw 
light on some points of special difficulty is desirable, of 
course, but not always sufficient. We would welcome explicit 
definitions to include all that belongs to the object under 
discussion and to exclude all that does not. 
hension will deepen in this search. 

It needs to be emphasized that advertising slogans of the 
trade do not interest us here. The good old “high fidelity” 
and its offspring, “ffrr,” “Orthophonic Sound,” and “Living 
Presence,” to mention a few, are harmless descriptive terms 
for good quality. We tolerate them with a benevolent smile. 
However, when precise scientific terms are being misused, 
whose meanings are unalterably fixed by derivation, by 
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definition, and often by tradition, only confusion can result. 

One such unfortunate misrepresentation is the ill-con- 
sidered and careless use of the term “binaural,” and of its 
counterpart, “monaural.” These terms are derived from 
the Latin auris, meaning ear, monaural referring to one ear, 
binaural to two ears. So, when we speak of monaural listen- 
ing, to the ordinary telephone for instance, we refer to the 
fact that only one ear is stimulated. We designate pre- 
cisely the number and kind of sensory apparatus employed. 
Advertisers, however, speaking of “monaural” tape re- 
corders, usurp the term to express an entirely different 
meaning, namely the absence of a third dimension allegedly 
present only with “binaural” tape recorders. We correctly 
speak of a doctor’s binaural stethoscope, and thus simply 
refer to the fact that both ears are stimulated by a sound 
originating at one end piece. But advertisers continue to 
use the term “binaural” whenever they mean “‘stereophonic.” 
An additional, somewhat curious twist is given to the word 
“binaural” in such terms as: “binaural broadcasting,” 
“binaural disc,” and “binaural tape.” This absurd connota- 
tion is unfortunately rather suggestive to the unsuspecting 
layman. He is made to believe, although unintentionally, 
that all he needs is two radios, or two recorded bands on one 
disc, or two tracks on a tape—that is to say, two channels— 
in order to stimulate two ears. But then, what should he 
do with three channels, or five, as have been used in Fantasia 
and Cinerama? Obviously, he will still have to get along 


with binaural hearing, that is, with two ears, regardless of 
the number of channels. 

Surely, the interested public, the musician, the audio 
trade, and the acoustical engineer are entitled to a frank 
discussion of the subject, not only of the semantics but of 


the related problems as well. The fact is that we listen 
to a standard conventional radio as we would listen to the 
live voice, with two ears, that is, binaurally. We listen to 
our conventional records, or, to be more exact, to their 
reproduction by conventional methods, binaurally. In each 
case we have one amplifier and speaker system, but we listen 
with two ears, therefore binaurally. Whether I listen to a 
friend sitting across the table or to a loudspeaker in the same 
opposition, I listen with both ears, naturally. That enables 
me to be aware of the direction from which the sound orig- 
inates. Since the acoustical characteristics of any room 
are dependent upon its size and shape, whether it is crowded 
with overstuffed furniture, draperies, carpets, or almost 
empty, for instance, at the time of spring cleaning, my two 
ears will unfailingly, if subconsciously, perceive the original 
sound modified by the characteristics of the room in which 
I listen. This gives me my acoustical orientation. We may 
categorically state: 
Normal hearing is always binaural. 

This statement, by the way, takes into account the person 

who is stone deaf in one ear, for he is not normal. «He listens 
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monaurally, just like the person who in laboratory tests 
listens through one headphone, monaurally. These are 
obviously very special cases which do not interest us here. 
To sum up, the terms monaural and binaural do not refer to 
the number of channels but to the number of ears, and they 
do not indicate anything whatever about stereophonic sound. 
Unless we need a distinction between one-eared and two- 
eared hearing as required under special laboratory condi- 
tions, we might as well avoid these terms altogether. The 
prefix “stereo” serves very well as a general term traditionally 
covering the entire field of spatial perception. Rigid ad- 
herence to unmistakable terms will facilitate the not-so- 
complicated mathematics of listening with two ears, to 
perceive the three dimensions as suggested by one or more 
channels. 

In the science of hearing, for very good reasons, we have 
contrasted the subjective response with the objective phe- 
nomenon that causes it. We have loudness versus intensity; 
we have pitch versus frequency. The physical stimulus is 
thus fully defined in terms of intensity and frequency, and, 
of course, duration. The psychological attributes of loud- 
ness and pitch are not sufficient to define the subjective 
response, a fundamental fact of utmost interest. Investiga- 
tion of other possible intangible sound qualities has led to 
the recognition of volume in the sense of voluminousness, or 
bigness. The validity of this additional concept is no longer 
challenged by science. 

The complex phenomenon of auditory perspective also 
has no such counterpart in the physical world. It is the sub- 
jective response to a compound of many sounds which do 
exist individually and in a very real sense objectively and 
which are themselves complex in nature. Although these 
components are susceptible to analysis, we must neverthe- 
less realize that there is no acoustical equivalent of the 
composite mental image which our mind forms out of many 
independent though related perceptions. Auditory perspec- 
tive has no physical existence. It is entirely of the mind. 

There is certainly no need here to discuss in detail the 
propagation of sound through air. We recall that sound 
waves spread in concentric spheres of ever-increasing di- 
ameter until they encounter a medium that differs in density 
from air. In closed rooms, any solid object will partly 
reflect and partly absorb sound. It will usually discriminate 
against certain frequencies. What we actually hear in 
fields 1 and 2 will always be a broad bundle of essentially 
nondirectional sound waves, the end result of random reflec- 
tions, with a lavish profusion of related sounds varying in 
intensity, phase, and spectral content. 

Well known also is the parallactic effect of the position 
of our ears and the resulting disparity in their stimulation. 
We know of differences in the time of arrival of individual 
wave fronts, and we may study phase differences when work- 
ing with pure sounds. Of equal importance are differences 
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in intensity at the two ears, and diffraction also plays its role. 
The net effect is chiefly one of phase difference for low fre- 
quencies and of intensity for high frequencies. Thus, we 
arrive at something optimistically called localization. As a 
matter of fact, information is received mainly as to the 
azimuth angle and virtually none as to the orientation in 
height and depth. Distance can be judged only by recog- 
nition of familiar sounds and by their known relative loud- 
nesses. Such secondary cues dominate. We have, for in- 
stance, the concept of “presence,” which is largely a phe- 
nomenon determined by the spectral content of the repro- 
duction of a familiar sound. We know from experience 
that the high-frequency content of complex sounds increases 
with proximity to the source. Of particular importance are 
the cues that reach us through sensory organs other than 
the ear. 

Spatial perception is of a very complex nature. The mind, 
eager to accept signals from all possible sources, takes its 
cues from a number of sensory organs. In the case of the 
three-dimensional, physical outer world, we are guided 
largely by visual stimuli. The sense of touch aids in recog- 
nition of near objects. Our perception of signals from all 
muscles and joints together with signals from our semi- 
circular canals of the inner ear supply the basic reference 
to the three-dimensional world. Auditory stimuli, our prime 
concern in this discussion, are not more than auxiliary in the 
perception of space. At times they may be strong and 
dominating, at other times they may be weak and sub- 
ordinate, or they may be missing altogether, their absence 
not even being registered in the presence of strong stimuli 
which hold our interest in other directions. Psychologists 
can prove that the mind is not even capable of simultane- 
ously registering a multitude of divergent perceptions with 
all their details. Thus, the concept of spatial perception is 
recognized to extend over many provinces, the auditory 
being by no means the largest. On its own, auditory per- 


-spective, or, more generally, stereosound, is a meaningless 


concept. It remains an empty frame, or rather it would 
suggest an empty shell if not coordinated with appropriate 
stimuli from other senses. If congruity is maintained, how- 
ever, stereosound affords an entirely new and lifelike experi- 
ence. Nobody, as Mr. Pickering has already mentioned, 
who remembers the exciting Fantasia can deny the extra- 
ordinary thrill of this dramatic presentation. The new 
Cinerama production is sure to kindle further interest in the 
problem involved. 

Within this new field much ingenuity has been devoted 
to recording and transmitting systems. We are confronted 
with double-track tape, with simultaneous AM and FM 
broadcasting, with two-band discs, even with simultaneous 
lateral and vertical modulation on discs. Adding to these 
the possibilities of multiple sound tracks with stereo pictures 
on film and of identical methods applied to television, we 


may look forward to a healthy development of these multi- 
channel recording and transmitting techniques. 

However, the receiving end of all these endeavors, the 
listener—the music lover in particular—seems all but for- 
gotten. He has just settled down with contentment to en- 
joy LP, FM, and high fidelity. True, he still finds surpris- 
ing variants in liveness, presence, and balance, which are of 
course nothing but differences of skill in handling space 
problems. There is good depth if the recording is of the 
best. There is also a measure of appropriate spatial ex- 
pansion, and even of auditory perspective, if his reproducing 
system “conforms” to field 2—that is, if all.care has been 
taken to provide, by the use of multiple speakers of appro- 
priately selected disparity, at pleasing loudness levels, the 
same lavish profusion of sound that prevailed in field 1. 
We cannot fry a chicken with a blowtorch, and fireplaces 
in our homes are not particularly known to be sources of 
uniform temperature. 

The music lover who possesses good conventional audio 
equipment which conforms to his particular environment is 
likely to be perplexed and bewildered by the “new develop- 
ments” in audio. He cannot accept the common variety of 
comparison A-B tests, since they prove only the stunning 
superiority of the two-channe! headphone transmission, 
virtually useless for home consumption; neither does he 
cherish any personal restriction of movement imposed by 
two-channel, two-loudspeaker tests, which offer too little 
beyond his well-balanced home system. He is keenly aware 
of the unquestionable dissimilarity between listening to 
music at home and listening while watching a motion picture 
screen which gives him the illusion of planned, orderly 
motion. In this case, the ability to recognize direction by 
ear, that is, auditory “localization” of sound sources within 
the pictured scene, certainly strengthens the illusion of 
life-likeness. But presentations of this type have in com- 
mon moving sound sources, their visual counterparts being 
now audibly supported. Eye and ear in unison follow the 
sound sources, say from right to left, or from front to back. 

No such auditory localization can have any place in music 
listening. The operatic performance as we have come to 
accept it on recordings (without simultaneous visualization 
of the scene) is but a compromise. Here alone localization 
of the sound source might be desirable, but it might again 
be questioned whether this illusion unsupported by visual 
observation can be at all convincing. 

To be sure, the feeling of spaciousness contributes to the 
subconscious awareness of the three-dimensional enclosure 
needed to contain musicians and instruments as well as the 
audience. But it is one thing to be aware of space, and it 
is quite another to be constantly and annoyingly reminded 
of the fact that now this instrument is being played in the 
left foreground and then another one is sounding off from 
the right background. Instead of the orderly, continuous 
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movement on a stage or on the screen, there would be a 
senseless, bizarre pattern indeed. A listener seated in the 
audience could visually notice such proceedings during an 
actual performance, although not always without detriment 
to his musical enjoyment. And, more important, he doesn’t 
have to look—he even may close his eyes. In stereophonic 
reproduction, we are plainly a captive audience. Soloists, 
chamber players, or members of the orchestra just don’t 
move around the stage during the performance, and they 
are invariably as tightly packed as circumstances permit, 
regardless of the available space, indoors or outdoors. How 
would we like a string quartet, say in Carnegie Hall, with 
the four players sounding out from the four corners of the 
hall? Cohesion of sound, not spatial separation, is the or- 
chestra leader’s goal, and no finer compliment can be paid 
to the concerted efforts of small or large musical groups than 
to state that “It sounds like ONE instrument.” 


This seems to be one of the most serious misconceptions 
about stereosound. The realm of music at its loftiest is in 
no way to be identified with three-dimensional space. Our 
musical scores demand changes in pitch, duration, color, 
and loudness. The last thing asked for is localization. 
Physical space requirements dictate the arrangement of mul- 
tiple instruments and their players. They concern the con- 
ductor and are of interest only to the naive listener who 
is waiting for “sound effects.” 


Finally, there remains the question of how much of the 


original acoustical “wrapping”’ of the concert hall should be 
carried over into reproduction. The transfer from field 1 to 
field 2, as we remember, must consider the listener. In field 
1 he is exposed to the viswal impact of the room and its con- 
tents, in addition to the auditory stimuli. He is conditioned 
and primed as an interested member of the audience, seated 
with many others in neat arrangement in a more or less 
festive spirit. When we consider the psychological attitude 
of the listener both toward the performance and toward the 
physical characteristics of the concert hall, we may well 
admit that both contribute to but are in no way part of the 
substance of the music. In the concert hall, they are in- 
variably congruous elements. Transferred to the home, how- 
ever, they are distorted into incongruous nonessentials, sub- 
ordinated to the main undertaking. Somehow they don’t fit. 


We may use again an analogy from the field of vision. 
Suppose that we were out in the country on a pleasant sum- 
mer day, and we wished to take a color picture of our lady. 
She wears a white dress and is blond, and therefore we use 
the dark opening of a barn door as a contrasting background. 
But when we later see the picture we are quite disappointed. 
The dress now shows all sorts of discolorations, and the color 
of the hair is not identifiable. What has happened? On 
examination we find that we failed to take into account some 
incidental phenomena. The object of our attention, in visual 
terms white and blond, was modified by barely noticeable 
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incidental color reflections, congruous out in the country, 
with the wide expanses of red barn, green grass, and blue 
sky which there dominated the color scheme. These re- 
tained color reflections became incongruously conspicuous 
and disturbing in the restricted frame of our picture which 
shows the lady only. On the other hand, sensations asso- 
ciated with life on the farm, smells from barn and stable, 
animal sounds, and the feel of warmth and wind, did con- 
tribute at the source, if subconsciously, to our experience of 
being in the country. They are not registered by the camera, 
and their absence is not noticed. Are we not wilfully and 
deliberately doing violence to our imaginative capacity when 
we insist on squeezing Carnegie Hall proportions into our 
living room? 

Recognizing the wide variety of acoustical conditions 
at the source, and the relative inflexibility of our listening 
environment, acoustically and otherwise, we must tolerate 
some incongruity, depending on our attitude toward the 
program material. Sound effects and art music call for 
exactly opposite treatment, with many possible steps in be- 
tween. We must strive for better conformity between loud- 
speakers and the living room, utilizing their inherent po- 
tentialities, and thus derive more listening pleasure through 
two ears in three dimensions. 


Mr. Pickering: 1 should like now to pick up a couple of 
the technical points suggested by Dr. Baender’s well-pre- 
pared discussion. He spoke, for example, of conformity, 
which I feel is an excellent term. All of us know people who 
have small radio sets that they love. They listen to their 
favorite musical programs on them and are completely 
happy. They may lie in bed with a 4-in. speaker 8 in. away 
from their left ear, have it turned down to a very low level 
so that the amplifier distortion is reasonably low, and enjoy 
music much more than many of us who have big deluxe 
hundred-watt rigs. This, I call conformity. These people 
really are enjoying music. They are not stupid, and they 
are not to be looked down upon. Again, we have the fellow 
who has his old Rola speaker which he has had since 1930 
or thereabouts, and which he refuses to part with. He has a 
pair of 45’s driving it, and the cone suspension by now is 
as limp as a hound’s ear. He, too, is very happy. He doesn’t 
like these modern speakers or the things that he hears 
through them. In this particular setup this speaker con- 
forms. He likes it, and he is happy, so let us leave him alone. 
We have all come across too many of these examples to be 
able to dismiss them easily and readily, and yet let us not 
make the opposite mistake of saying that we should all 
strive for an old limp Rola speaker or a midget portable 
radio. 

There is much involved in this problem of conformity. 
If we do have a big room well suited for music reproduction, 
neither of the aforementioned examples is going to do a 
satisfactory job of filling the room with music. 
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That brings me to the next point. What will do a really 
satisfactory job? At the moment, we really don’t know. 
People in the audio field have been wildly seeking the an- 
swer to that question for decades, and now we have the new 
experiment of two-channel radio broadcasts which give 
people an opportunity to try something different. In many 
cases the results have been disappointing, largely because 
of the very nature of sound and sound waves and the fact 
that we cannot compare two-channel headphone reproduc- 
tion to two-channel loudspeaker reproduction. The two are 
only remotely similar. And when I hear people drawing 
conclusions about loudspeaker operation based on experi- 
ments made with headphones, I realize that we need more 
knowledge of this kind of transmission before we can ap- 
proach the conformity we need for average-size rooms. Each 
loudspeaker sets up a field of its own which is reflected in 
turn from all the interior surfaces of the room in which it is 
being used. It doesn’t take very long, in a room of any ap- 
preciable liveness, for the field to become scrambled, and 
the more reflection there is in the room, the less difference 
there will be at any point in the room between a two-channel 
two-speaker system and a one-channel two-speaker system. 
This can be readily demonstrated. 

In a completely live room, one loudspeaker any place in 
the room would set up such a din that it would be difficult, 
by hearing alone, to locate exactly the source of sound. If 
there is very little loss at each reflection, each image will 
sound very much like the original source. This is analogous 
to a point source of light in a room. If the room is lined 
with mirrors there will be many lights in the room. If the 
room is completely covered with black absorbing material, 
it won’t be hard to locate the original source of light. But 
even in a completely dead room, two loudspeakers supplied 
from signals which would do a good job of headphone re- 
production (which, by the way, we stress over and over 
again is true stereophonic reproduction) cannot be made to 
produce in the ears separate signals corresponding to those 
which existed at the microphones in field 1. 

An effect is produced, there is no doubt about it, and in 
some cases a very striking effect. If, for example, the micro- 
phones in field 1 are very widely spaced, much wider, say, 
than the loudspeakers are, you will get a separation effect 
if field 2 is reasonably dead—that is, if there are not too 
many reflections in field 2 to obscure the original sound. 
Then there will be an effect of separation which can be very 
startling and very exciting. In fact, in many cases the music 
can be torn apart right down the middle. This usually isn’t 
desirable, but for unusual sound effects, such as the Fan- 
tasia production, it can produce a very telling theatrical 
effect. However, it does not help to convey a more satisfy- 
ing illusion to the listener in the case of art music, as Dr. 
Baender pointed out. It is the presence of the additional 
loudspeaker, more often than not, regardless of the signal 


which is feeding it, which sets up a different pattern in field 
2, tends to eliminate the blow-torch effect, and spreads the 
sound out a bit. This, as you know, is often disastrous on 
voice transmission, so it appears that the answer to the 
problem is not going to be a simple one. Adjustment will be 
required for different kinds of program material and for 
congruity with the room in which the subject listener is 
located. For example, I will tell you a little about Dr. 
Baender’s sound system, which I have found to be thor- 
oughly satisfactory from the standpoint of musical enjoy- 
ment. 

In the room where the listener is seated is a 15-in. speaker 
of high quality, mounted in a large cabinet. This is a wide- 
range speaker, capable of handling quite a lot of power but 
used far under its maximum power rating. Upstairs, up a 
stairwell and around a turn, there is a battery of speakers 
designed for the electric organ. This battery is capable of 
handling a great deal of power. For large music, such as 
choral groups, orchestra, or organ, the effect is overpowering 
and quite satisfying when the bulk of power is supplied by 
this distant speaker (which isn’t so distant, by the way, 
that there is an appreciable time lag). By the time the 
sound reaches the living room through a large opening, al- 
most the entire cross section of the room, it is thoroughly 
scrambled and well diffused. That, by itself, would give a 
rather unpleasant sort of sound, with excessive fusion; but 
the presence of the other speaker, in the path of the more 
distant one, gives a most astonishing effect of auditory per- 
spective. 

I am sure that you have all experimented with speaker 
configurations of various sorts. It so happens that in this 
particular listening room, this setup “conforms.” It works 
very well, and everyone who hears it is pleased. Even here, 
however, Dr. Baender uses a balance control right at his 
fingertips, which he sets for program material. He doesn’t 
ride it during the program, but he sets it up once for each 
kind of program. That is, for speech, naturally the nearby 
speaker would handle all the power. For a chorus or organ, 
he can change the balance so that more of the power goes 
to the distant speaker, and one has the wonderful sensation 
of being immersed in a flood of sound. Now there is a case 
where stereophonic quality is given to a single channel and 
yet done very well. As Dr. Baender has said, the speakers 
should be of appropriately selected disparity. After years 
of listening tests, it is our contention that if twe identical 
speakers are located the same distance from the listener and 
are separated by any appreciable distance, the effect is 
sooner or later going to be schizoid, to say the least. There 
will always be some program material which will appear to 
be torn down the center. It is not possible to handle such 
things, for example, as a speaking voice. In that case it is 
necessary to shut one of the loudspeakers off in order to get 
any kind of naturalness, whereupon the image is shifted 
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in the direction of the operating loudspeaker. This has been 
demonstrated many times. In the case of a completely dead 
room, where the listener is seated at a critical point in the 
room, about on the median plane between the speakers, 
some kind of effect is possible in which this splitting is 
avoided, but generally these ideal conditions are difficult to 


achieve in practice. By other means, however, varying the 
techniques of splitting channels and splitting loudspeakers, 
it is possible by conforming to the listener’s taste, to his 
kind of music, and to his particular living-room conditions, 
to achieve artistic results far superior to the one-loudspeaker 
system which has been considered standard for a long time. 
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A Variable Inductor* 


R. E. ALLison 
Allison Laboratories, Whittier, California 


A variable af inductor is described. The inductance is controlled by the movement of a 
magnet to and from the cores. The inductor can be equipped with a calibrated dial. Using two 
cores through the coil with the flux from the magnet flowing in opposite directions through the 
two cores results in no increase in harmonics over the amount generated by the same cores with 
air gaps. This method of inductance control eliminates “electrical backlash.” In other words, the 
inductance returns to the same value for a given dial setting. @Q’s of over 100 at 1,000 cps and 
30 at 100 cps are possible. Inductance changes of more than 30 to 1 are obtainable. Two limita- 
tions have shown up in the experimental work. First, the permeability increases 0.66% per degree 
centigrade on the ferrite material that is being used; second, the ferrite material saturates at 3,400 


gauss, limiting the power handling ability of the coil. 


URING THE past twenty-five years a great deal of 

work has been done on saturable reactors. However, 
when the literature on this subject is examined, very little 
is found on the use of saturable reactors as variable af 
inductors. When the ordinary type of saturable reactor is 
checked, it is found that the Q is very low at audio fre- 
quencies. In an attempt to make the saturable reactor as 
sensitive as possible to the dc control voltage, all air gaps 
are eliminated, with the result that a high Q is almost im- 
possible to obtain. More recently, with the introduction 


of ferrites, at least one company has come out with a dc- 


controlled inductor on a toroidal ferrite core which has a 
reasonably high Q but which was designed for the higher 
frequency applications rather than for the audio frequencies. 
Also, this inductor has a very serious memory condition 
which results in different inductance values being obtained 
at a given control current setting, depending upon the 
amount of direct current which has been imposed upon the 
control coil during the previous settings. Our work has 
involved an attempt to develop a variable inductor which 
would read the same inductance for a given setting, regard- 
less of the previous settings of the control current. The 
results of this work have been very gratifying. We now 
have an inductor which can be used at audio frequencies as 
a controllable inductance and which has a high Q, good 
stability with control current settings, and applied ac voltage. 
Since the inductor does not involve the use of toroidal wind- 
ings, it is economical to build, and the low distributed 
capacity obtained in paper-filled coils as compared to 
toroidal windings results in useful inductance over a much 
wider frequency range than is possible with toroids. Re- 
producible inductance settings within approximately 1% are 
obtained, regardless of the previous conditions under which 
the inductor was used. The problem of variation of induct- 


* This paper was presented at the Audio Fair—Los Angeles, Febru- 
ary 5-7, 1953. 


Fig. 1, Magnetically controlled inductor. 


ance with temperature still exists with these inductors; how- 
ever, under the right conditions, this effect cancels out. 
Considerably more work has to be done on this particular 
problem, and it is believed that appreciable improvement 
can be expected. 

Figure 1 is a cutaway view of a magnetically controlled 
inductor. The coils cause ac flux to flow through the two 
closed cores. The dotted arrows show the path of the ac 
flux. The continuous flux from the magnet flows down 
through one core, through the steel shunt between the cores, 
and back up the second core in the same coil. In so far as 
the flux from the magnet is concerned, the two legs of each 
core are in parallel. By moving the magnet to and from 
the cores, the inductance may be controlled. Changes as 
great as 33 to 1 can be obtained. Although this structure 
shows two coils, the effect is the same with one coil only. 

Figure 2 shows an electromagnetically controlled inductor. 
The same effect is obtained here by varying the current 
through the control coil as was obtained by moving the 
magnets. Regardless of whether the control is by the move- 
ment of a magnet or by direct current through the coil, 
the same inductance is obtained for a given control current 
or magnet setting. It makes no difference whether the de- 
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CHANGE OF L&Q WITH POSITION 
OF MAGNET 


Joo ofS 050 Fe 
GAP BETWEEN CORE & MAGNET —INCHES 


Fig. 3. Change of L and Q with position of magnet. 


sired condition is attained by increasing or by decreasing 
the control current. There is negligible coupling between 
the control coil and the inductor, and shorting the control 
coil has no effect on the inductor. This applies whether the 
inductor consists of one coil or of two coils in series or in 
parallel. 

Figure 3 shows the variation of inductance with magnet 
position. The shape of this curve is dependent upon the 
strength of the magnet and the core structure. With proper 
design, a straight line is possible over a range of inductance 
change from 1/2 to 1/20 of the uncontrolled inductance. 
The other curve shows the variation of Q as the magnet is 
moved. These data were taken on a structure whose total 
volume was about 1% in.*. Larger structures will result in 
similar curves with considerably higher Q. You will note 
that the change in Q is relatively small over the major 
portion of the curve. We have avoided using the end por- 
tions of the inductance curve because of the low Q on the 
low-inductance end and the poor voltage stability on the 
high-inductance end. 

Figure 4 shows the effect on ac voltage stability of using 
an air gap as compared to inductance reduction with a 
magnet. The inductance of the coil with a butt joint is 


just twice the inductance at low voltage under the conditions 
shown on these curves. The dotted line shows the induct- 
ance vs voltage change with an air gap of 0.005 in. in each 
of the two joints. This curve is a straight line for low 
voltages, the inductance increasing up to 20 v alternating cur- 
rent, after which it drops off. The solid line shows the same 
coil with the inductance reduced magnetically. Here the 
maximum inductance is at 35 v, and it will be noted that 
this inductance value is slightly higher than that obtained 
with the air gap. 

Practically all the work to date has been done on ferrite 
cores in order to get as high a Q in the af spectrum as pos- 
sible. Figure 5 shows the variation of Q with frequency. 
This particular curve was made op an inductor having two 
cores of 9/16-in.-square cross section. The inductance 
was 0.15 h, which was approximately 30% if the inductance 
before the magnetic flux was applied. Although the Q falls 
quite rapidly with frequency reduction, the Q is better than 
20 at 200 cps. With a slightly larger core a Q of 40 was 
obtained at 100 cps. 

One disadvantage of ferrite materials is their rather bad 
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Fig. 4. Inductance vs ac volts. 
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Fic. 5. Variation of Q with frequency. 
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Fic. 6. Loss curves on a two-section K-type continuously variable 
filter. 


temperature characteristic. An increase of 25% in induct- 
ance from 0° to 50°C may be expected on a typical ferrite 
core inductor. When the inductance is reduced magneti- 
cally, this instability decreases as the inductance is reduced. 
With the material that has been used, the inductance 
stabilizes over the range from 0° to 50°C when the induct- 
ance has been reduced to 30% of the butt-joint value. Fur- 
ther reduction of inductance causes the curve to reverse. At 
very low values of inductance, a decrease of 25% may be 
expected over the 50-degree range tested. 

Experimental filters using these inductors have been 
built. Figure 6 shows the loss curves on a two-section 
K-type low-pass and a two-section K-type high-pass filter 
which is continuously variable over a range of 60—20,000 
cps. The curves shown are typical curves, and any band- 
width down to 4 octave may be obtained. The low-pass or 
the high-pass filter may be used independently. The loss in 
the pass band is approximately 1 db. The loss below the 
knee of the curve falls off in a perfectly straight line to a 
point beyond the limit of any measuring equipment avail- 
able. The inductor assemblies in the filter consist of tapped 
coils with magnetic control. The whole coil is used at the 
lowest frequency range. The inductor tap and the con- 
denser are changed for each range of one octave. The mag- 
netic control continuously varies the filter over each range. 
Because the inductance of the coil is reduced as the fre- 
quency goes up, the resonant frequency of the coil under 
the worst condition is more than three times the cutoff fre- 
quency on the low-pass filter. 

Figure 7 shows a completed filter using the magnetically 
controlled variable inductor. It requires no power supply. 
The complete unit is 14 & 7 5% in. and weighs slightly 
over 15 lb. It will handle better than 100 mw without in- 
troducing more than 1% distortion. Only experimental 
units of this filter have been built. 
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Fie. 7. Continuously variable af filter. Passive network. 


The variable inductor has a number of disadvantages: 

1. Because of the limited flux handling ability of ferrite 
cores, the voltage that the inductor will handle is definitely 
limited. 

2. The Q changes radically with frequency. 

3. The Q changes radically as the voltage impressed across 
the coil is changed. 

4. Where the inductor is being controlled over a wide 
inductance range, variations in Q and in inductance with 
temperature may become quite important. 


On the other hand, this inductor has a number of ad- 
vantages: 


1. A relatively wide change of inductance is possible. 

2. The voltage stability is excellent up to the saturation 
point. 

3. Higher Q’s are possible over a wider frequency range 
than have previously been available in the af band. 


4. Reasonably good temperature stability can be ob- 
tained, provided that the desired range of inductance change 
is not too great. 
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UDIO TRANSFORMER design, as such, involves 
mathematical procedures which have become fairly well 
standardized over a period of years. Little that is new has 
crept into the formulas during the past twenty years. A 
great improvement and change has become apparent in the 
materials which are available for transformer construction, 
however. Although such changes are the outgrowth of the 
chemical engineering and metallurgical laboratories rather 
than of the transformer designer, they have made possible 
changes in the design parameters which radically improve 
performance of the transformers which are designed using 
these materials. 

Fundamentally, transformer design involves best use of 
the properties of the basic materials: the conductor and 
the core. Commercially, electrolytically pure copper, as 
used in commercial magnet wire, is the best conductor we 
have. It has shown little improvement, if any, over a 
long period of time. The insulations used on magnet wire 
have been greatly changed and improved, and certainly 
these changes are of interest. Since most of the new wires 
can add little to high-fidelity transformer design, they have 
little place in this discussion; but since they are interesting, 
we will run over them briefly. 

The synthetic insulation for magnet wire commercially 
sold as Formvar or Formex was the first of the new insula- 
tions to he used in commercial magnet wire. This material 
is greatly superior to the older, enamel-covered magnet wires 
in chat the film will withstand abrasion to a much greater 
degree. For this reason, it has also largely replaced fabric- 
covered wires for use in motors and in scramble-wound coils 
of all kinds. Various forms of nylon and similar plastics 
have also been applied to magnet wire as a film. These 
insulations are of great value in that they may be readily 
removed from the wire by heat and at relatively low tem- 
peratures. This permits such wire to be soldered without 
removing the insulation, a particular advantage in handling 
litz wire and in rf coil design. Ceramic-covered wires and 
extruded teflon insulations have recently become available. 
Since these have great resistance to heat, they are of great 
value in the construction of transformers intended to oper- 
ate with very high temperature rise or under very high 
ambient temperatures. Another type of insulation which 


has reached large production in the electronic field involves 
application of an adhesive material to the standard Form- 
var insulation. 


This material is wound into a formed coil 
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and then combined into a solid mass by the use of heat or 
of a solvent. It has become very popular in making de- 
flection coils for television. All the new fabrics such as spun 
glass, nylon, and rayon are used in wrapping magnet wire, 
either bare or coated with one of the film insulations men- 
tioned. 

In paper-section coils such as are normally used for audio 
transformers, none of these new insulations shows any better 
performance or longer life than does the standard enamel 
coating which has been used for so many years. It is pos- 
sible to scramble-wind audio coils, in which case Formvar 
would be substantially better, but otherwise the new wire 
developments do not permit the engineer to improve on the 
performance of coils made with enamel-coated wires. 

In materials used for the transformer core, conversely, 
not only have we developed substantially new materials 
but we have also made changes and improvements in their 
physical and electrical properties which permit improved 
fidelity and reduced distortion in transformers. A _ brief 
description of these various materials will be given, with a 
résumé of the characteristics which make them superior. 
Then their application in transformer design will be de- 
scribed. 

The nickel alloys, composed mainly of nickel and steel 
with trace quantities of other constituents, have been most 
helpful in building wide-range transformers, particularly 
for very low-level operation. During the past few years, 
much has been learned about annealing these materials to 
obtain radically different characteristics which are actually 
tailored for the particular application in which they are to 
be used. 

Among these is the 50% alloy which, with one type of 
anneal, becomes a material of high permeability at medium 
densities and with a reasonably high saturation level; with 
another type of anneal, this same, or a similar, alloy can 
be made to have a medium-high permeability which is con- 
stant over a wide range of flux levels; or it can be made to 
have an almost square hysteresis loop which is of value in 
magnetic amplifier design. 

The 78% nickel alloy, with trace amounts of various other 
alloy materials, is sold under various trade names. It has 
the feature of extremely high permeability at very low 
flux densities. Its saturation level is low, and hence it finds 
its best application in extremely low-level input coils and 
the like. This alloy is critical to annealing procedures and 
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will not stand mechanical deformation. Both the 50% and 
the 78% alloys have great value in shielding low-level com- 
ponents. Almost any desired degree of shielding can be 
achieved by using several layers of alloy interleaved with 
copper. 

More attention has been paid during the past few years 
to the characteristics of silicon steels which make them valu- 


able for use in audio work. The sheet materials have been .- 


radically improved, and annealing procedures have been 
developed which permit greatly improved permeability and 
higher saturation densities. The most improved of the sili- 
con steels are the grain-oriented types which show per- 
meabilities of the order of 50% better than the best of the 
older sheet silicon steels and saturation levels 20% or more 
higher. These steels require expert heat treating to obtain 
their best characteristics and will deliver maximum poten- 
tialities only when the flux path is oriented in the direction 
of the rolling. Various means are used to obtain maximum 
performance from the oriented steels. These involve making 
cores by rolled-up strips, either cutting and grinding (as in 
“hypersil”), or actually winding on the toroidal core itself. 
Numerous shapes of stamped laminations have been de- 
veloped to approach the maximum efficiency possible in 
grain-oriented steel. 


The need has existed for some time for amplifiers which 
cover the entire audible frequency range with an absolute 
minimum of distortion and of phase shift. To perform to 
these specifications the transformers used must have negligi- 
ble frequency deviation, distortion, and phase shift over a 
range of frequencies at least an octave beyond the audible 
range on either end of the spectrum. 

Such a range represents a pass band of 10—40,000 cps 
minimum. Consideration of the basic equations on which 
transformer frequency response is based indicates that this 
will require a “factor of merit” or ratio of open-circuit in- 
ductance to leakage inductance in the neighborhood of 3,300. 
In circuits in which negative feedback is to be used, it is 
advisable to increase this ratio to the absolute maximum 
possible to minimize instability. By the use of the im- 
proved core material which we have discussed previously, 
transformers are now being built with this ratio increased 
to 40,000, representing a frequency range of 14 octaves. 
This compares with 1,000, which was considered excellent 
design years ago and which represents a range of 8 octaves. 
Let us consider the basic formulas for these two factors of 
the transformer. The formulas have been simplified with 
all characteristics not relevant to the discussion combined 
in the factor K. 


KN*Ap 


L= ; = Open circuit primary inductance 


where A = cross section of core. 
2 = magnetic length of core. 


» = permeability. 
N = turns ratio. 
KN? ; 
2 = leakage inductance 
B 


where D = a constant almost proportional to the cubical 
content of the unit. 


B = number of interleaved sections in the winding. 


You will note that If response is largely dependent on 
open-circuit inductance and that this, in turn, is propor- 
tional to the square of the turns in the winding and the per- 
meability of the core material. Another factor that becomes 
important at low frequencies is the power-handling capacity 
which is limited by the saturation point of the core. At 
high frequencies, the range is limited by the leakage induct- 
ance and by the capacities of the circuit. Leakage induct- 
ance also is proportional to the turns ratio squared and 
inversely proportional to the number of interleavings in the 
coil structure. We are then faced with a problem in which 
the turns must be reduced in order to obtain hf response 
and increased to obtain If response. The logical compro- 
mise, of course, is to reduce the turns ratio as much as 
can be permitted by the improved qualities of the newly 
developed core material while retaining the necessary open- 
circuit inductance and power-handling capacity at low fre- 
quencies. We can then gain further at the high frequencies 
by judicious interleaving of the coil structure and by reduc- 
ing the physical dimensions of the transformer. With ma- 
terials now available, this procedure has resulted in trans- 
formers with open-circuit primary inductances of 400 h and 
leakage inductance of 10 mh. Such coils produce a fre- 
quency pass band of such width that we can no longer 
neglect the capacitances in the circuit even at low im- 
pedances and must design the coil for minimum capacitance 
loading and resonances which would result in phase reversal 
at high frequencies. Designs of this nature have so im- 
proved amplifiers that it seems that further improvement in 
the quality of reproduction must largely come from similar 
improvement in the fields of the transducers which are not 
now equivalent either in frequency response or in extended 
ranges without phase shift. 

Low-level transformer design has shown some radical im- 
provement due to the use of the nickel alloy series. With 
permeabilities of five to ten thousand, we are able radically 
to reduce the physical size and to extend the frequency 
range of such transformers. We can take advantage of 
increased permeability either to extend the frequency range, 
to increase the gain, or to reduce the physical size while 
maintaining the same frequency response. Advanced de- 
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signs have usually stabilized on a frequency range of 20- 
20,000 cps at maximum possible gain to be obtained over 
this range, and have taken advantage of the permeability 
of the nickel alloys to shield the transformer and limit 
extraneous pickup. There are 20—20,000-cps transformer 
designs now on the market, with shielding reducing the 
pickup of extraneous noises by a factor of 90 db and weigh- 
ing as little as 34 lb. Even with the use of nickel alloys, 
it was common for transformers having such performance 
to weigh 4 or 5 lb in the designs of ten years past. 

To summarize, we find that recent developments in wire 
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insulations, although representing a great improvement for 
certain other applications, have added little to the wide- 
frequency type of transformer design. Core materials, 
showing equally great advancement, have developed in 
directions which have permitted great advancement in high- 
fidelity transformer designs. Design techniques, in taking 
advantage of improved materials, have necessitated the con- 


. sideration of factors which it was formerly possible to 


neglect, with the result that transformer manufacturers have 
been able to increase the factor of merit in audio trans- 
former designs by a factor of 40 to 1. 


iy 

is 

>| 

7 % 

4 

ie 

| 5 

| . : 

; = 

iM 

a 

oa 

= 

=. 

aN 

4 

a: 

es, 

of 

] 3 

* a 

a 

; “f 

if 

; ‘a 

‘4 

a Wa 
ne wl 

ie a 
* a 
BS bi 

: 4 

5 . 

Z 

3 3 

Fe = 
i ~- 

a 

: i 

2 i 

: a 


nat 
—- 
itt 
‘3 — 
o 
fia 
3 
on 
a 
4 
ei 
Ey . 
th 
ni nS 
ei 
ih 
De 
te ; 
“ 
Je 
a 
a 
Fig 
a 
ae, 
os. 
eal 
‘ek 
ok 
Mes : 
ee 
es 
= 
es 
tr 
ze 
hee : 
me 
a 
a 
hee 
oe 
nig 
Ae 
%: 
a 
rig 
a 
a 
ee 
Pi : 
=) 
es 
it 
mi 
brig 
“ : 
Re, s 
aa 
a 
ee ‘ 
ae 
oe 
ube : 
Hh 
A. - 
a i: r 
‘ 
iP : 
; wa 
ay : 
=i ah 
ot lS 
tae eb 
cae ». 
Lees Pie: 
a “we 
és 2 
+ 24 
ce Be 
ec “it 
eae : 
1 ant ny 
bg i *e wy 
s by 
os i a 
J, i 
re i 
i 
Pas 2 ae 
7a ‘ j x 
ri p 
Le a 
ne , +e 
ae q vy 
% ou 
bite " 
uy aaa 
4 id de 
= oS 
iY. : 
a 3 
~ ts 
ia 
ce 
Be 
tan 
hg 
= 
rat 
rY ie 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


Lewis W. Howarp 


Lewis W. Howarp was born in 1907 in 
Greeley, Colorado, and received a BS. in 
electrical engineering from the University of 
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aM 
my 
pe .t 
c 
- e. 
ay 
. aa 
aa 
a 
. 
- Ff 
4 
7 . 
5 A 
* i. e 
| P| f : 
ae 4 ng 
| 
x ¥ : 
3 
| ' . a 
"s j ww’ in 
ry . a rs dik e 
- & . Kee x 
Z a 
269 4 
a 
| ‘ 


ns 
nh 
% 
z 
3 
# 
= 
r. 
=r 4 
a 
as 
a 
a 
Ef 
re 
se 
Bi 
i 
gh 
°. 
i, 
+e 
e 
ee 
oa 
he ; 
2, 
E 
i 
3 
ef 
ch 
ye 
© 
i : 
i 
oe 
be 
- 
oe 
on 
Pa ‘ 
ats 
oe 
ss : 
a 
at, 
4 
he 
aa 
Fr 
Z 
bo 
2 
e 
S 
hey 
i 
i 
ie 
i. 
oi ; 
an - 
om R, 
m, : 
ae = 
ie: j, 
KS 
be 
Pa t 
. 
= 7 
ms *: 
Ze . 
ft : 
an * 
Py . 
2 of 
A ine 
ia & 
es 
i 4 
a =f 
24 a 
he 4 
= ae 
i, ~ G 
+ q 
Ji 
mee 4 
as 
a 
i 
Hye 
et 
Bi 
ine 
4 
P 
a ) 
bee ‘ 
Par 
a 
i 
ie 
oe 
Ths 
sh ; 
ue 
“ie 
ie ‘ 
be: 
ls 
aK % 
ae : 
ge 
cn a, 
’ 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


Section Meetings 


CINCINNATI 
Chairman: Harvey B. Glatstein 


Secretary: William J. Mahoney, 1730 Kleemeir St., Cincinnati, Ohio 
Papers: “The Hartley Loudspeaker,” H, A. Hartley, Hartley-Turner Loudspeakers, November 15, 1952. 


“Two Ears in Three Dimensions,” a tape-recorded talk, Norman C. Pickering, Pickering and Company, and Dr. Eric Baender, 
June 18, 1953. 


CoL_umsBus 
Chairman: J. E. Anderson 


Secretary: W. E. Parker, 1271 Republic Ave., Columbus, Ohio 
Papers: “Binaural Sound and Its Possibilities,’ Neal Bear, Electronics Parts Representative, March, 1953. 
“Binaural Sound,” J. E. Anderson, April 8, 1953. 


Los ANGELES 
Chairman: Richard Hastings 


Secretary: Herbert E, Farmer, 7826 Dunbarton Ave., Los Angeles 45, California 
Paper: “A Novel Phonograph Pickup Preamplifier,” Norman L. Chalfin and Jesse Kanarek, Hughes Aircraft Co., May 5, 1953. 


New York 
“Panel Discussion of the New NARTB Lateral Disc Recording Characteristic,’ R. C. Moyer, RCA Victor; W. S. Bachman, 
Columbia Records; Frank Abby, Capi‘ol Records, Inc., June 2, 1953. 


San Francisco 
Chairman: Ray A. Long 
Secretary: J. Hal Cox, 201 Las Flores. San Rafael Meadows, San Rafael, California 
Papers: “A New AM-FM Tuner and Ultralinear Amplifier,” Will Rayment, Sargent-Rayment Co., April 13, 1953. 
“The Classical Organ,” Capel, organ designer, May 11, 1953. 
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